ETS| TS 126 114 V16.11.0 (2021-10)

& =>

TECHNICAL SPECIFICATION

Universal Mobile Telecommunications System (UMTS);
LTE;
5G;
IP Multimedia Subsystem (IMS);
Multimedia telephony;
Media handling and interaction
(3GPP TS 26.114 version 16.11.0 Release 16)

H056

A GLOBAL INITIATIVE



3GPP TS 26.114 version 16.11.0 Release 16 1 ETSI TS 126 114 V16.11.0 (2021-10)

Reference
RTS/TSGS-0426114vgb0

Keywords
5G,LTE,UMTS

ETSI

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

Tel.: +334 9294 42 00 Fax: +33 493 65 47 16

Siret N° 348 623 562 00017 - NAF 742 C
Association & but non lucratif enregistrée a la
Sous-Préfecture de Grasse (06) N° 7803/88

Important notice

The present document can be downloaded from:
http://www.etsi.org/standards-search

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 at www.etsi.org/deliver.

Users of the present document should be aware that the document may be subject to revision or change of status.
Information on the current status of this and other ETSI documents is available at
https://portal.etsi.org/TB/ETSIDeliverableStatus.aspx

If you find errors in the present document, please send your comment to one of the following services:
https://portal.etsi.org/People/CommiteeSupportStaff.aspx

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 2021.
All rights reserved.

DECT™, PLUGTESTS™, UMTS™ and the ETSI logo are trademarks of ETSI registered for the benefit of its Members.
3GPP™ and LTE™ are trademarks of ETSI registered for the benefit of its Members and
of the 3GPP Organizational Partners.
oneM2M™ |ogo is a trademark 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.

ETSI


http://www.etsi.org/standards-search
http://www.etsi.org/deliver
https://portal.etsi.org/TB/ETSIDeliverableStatus.aspx
https://portal.etsi.org/People/CommiteeSupportStaff.aspx

3GPP TS 26.114 version 16.11.0 Release 16 2 ETSI TS 126 114 V16.11.0 (2021-10)

Intellectual Property Rights

Essential patents

IPRs essential or potentially essential to normative deliverables may have been declared to ETSI. The information
pertaining to these essential IPRs, if any, is publicly available for ETSI member s and non-member s, 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 Web
server (https://ipr.etsi.org/).

Pursuant to the ETSI IPR Policy, no investigation, 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 ETSI 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.

Legal Notice
This Technical Specification (TS) has been produced by ETSI 3rd Generation Partnership Project (3GPP).

The present document may refer to technical specifications or reports using their 3GPP identities. These shall be
interpreted as being references to the corresponding ETSI deliverables.

The cross reference between 3GPP and ETSI identities can be found under http://webapp.etsi.org/key/queryform.asp.

Modal verbs terminology

In the present document "shall", "shall not", "should", "should not", "may", "need not", "will", "will not", "can" and
"cannot" areto beinterpreted as described in clause 3.2 of the ETS| Drafting Rules (Verba forms for the expression of
provisions).

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

ETSI


https://ipr.etsi.org/
http://webapp.etsi.org/key/queryform.asp
https://portal.etsi.org/Services/editHelp!/Howtostart/ETSIDraftingRules.aspx

3GPP TS 26.114 version 16.11.0 Release 16 3 ETSI TS 126 114 V16.11.0 (2021-10)

Contents

INtellectual Property RIGNES.... ..ot b e e e en e ns 2
LB INOLICE ... bbbt et h bt b b nE e b e b e e et bt e bt Rt e s e e e e e e eb e n e e ns 2
MoOdal VErDS TEMINOIOQY ... .ccteieeiicieee ettt st e e s te s ae e aesbeeaeesbesreentesaeeasessesneensesreeneensessens 2
0= 11V o PSPPSR 16
100 0 Tox A o] o SRS 16
1 o010 R 17
2 REFEIBINCES ...ttt b e bbb bt e e et R e e bt e b e bt st e s b et et et e e s e nr e b ee 17
3 Definitions and aDbreVIBLIONS..........eceerieieese ettt sre e aesre et e teeneeeeseeeneenseseeas 24
31 D= T 0T (0] 1SR 24
3.2 F Y o] 1= V7= 0] S 26
4 VS (= 40 (=== o ] (o] U 28
4.1 Y= 1 TP P PP PP USOTPPO 28
4.2 LT o | TP ST PPURUSTORRPO 28
4.3 Y =0 1Y [ TS 30
5 Y=o = W ol 1= oSSR 30
51 M EOI G COMPOMENES ...ttt ettt ettt et h e b b e b b e bt e b e e bt b e s e bt b e e e b bt e e st bt s e st bt s e e bt b e e ebene e e ens 30
52 Codecsfor MTSI ClientSiN tErMINGIS. ........oiiiieeeie e ettt sre e e s e eneas 31
521 SPEECN. ..ottt ettt et R et et Re R et et e eRe e R e ete e eteete st eteebeneetentennerens 31
5211 General COUEC FEOUITEIMIBNTS. ......uieeuertiieeertetete sttt b e s bt s st b e bt e s b e b b st bena e enas 31
5212 Detailed codec reqUIreMENtS, AIMR ........o ittt see st eaesee e eneeneen 32
5213 Detailed codec requirements, AMR-WB ..o st neen 32
5214 Detailed codec reqUIremMENtS, EV S......c.o oottt esnaesnaesreennees 32
5.2.15 Offering multiple audio bandwidths and multiple channels..........ccccvcv e, 32
5.2.1.6 (0T (= ol o= = (0= o o [ TS 32
522 RV L= TSR 33
523 REAI-TIMIE TEXL. ...ttt bbbt bt bt h e bt et e e e e e e Rt bt sheeb e e he e s e e e e e e besheeb e e e enneneen 34
6 L= o =Wt o1 o [U = 1 o] o TSRS 35
6.1 LT 0T PSSR 35
6.2 SESSION SELUD PrOCEUUIES......ccttieeieete ettt ettt ettt b et et b e bt b e b et bt b e e bt e b e s e e bt e b et e bt e e st eb e s e et eb e s b e e eb e b e e e 35
6.2.1 (€71 PR 35
6.2.1a I 00 T TSN 1= o 01 = 4o o 36
6.2.1al GBNETEL ...ttt bt E e R R bRt R e e e e R e R e SRt R e Rt R e e Rt e R e be R e beeReehe e e ennennens 36
6.2.1a.2 Using SDPCapNEQ iN SDP OFf € .....cueeece ettt esnaesnaesnees 36
6.2.1a.3 Answering to an SDP offer using SDPCEPNEQ .......coveeiieeiiiiisieseeieeeste e seeste e ssessaesneesneenseeneeens 36
6.2.2 S 0= o o SO PSPPSN 37
6.2.2.1 LC T o1 - TP 37
6.2.22 GENErating SDP OffEI'S ..ottt bbbt 38
6.2.2.3 GENENaLiNG SDP @NSWEY ...ttt ettt ettt b et b et b e bt bbb e e bt b b e b e e ens 40
6.2.3 Y0 L= TSRS 49
6.2.3.1 0100 1 1 o PR 49
6.2.32 CommOoN SeSSiON SELUP PrOCEAUIES. ..........iieuirireetirteseeterie ettt sn e 50
6.2.3.3 Coordination of Video Orientation (CVO) .....ccceeciecieieieieseeeese e see e s ste e sae e e e se e ssaesseesnens 51
6.2.34 Video Region-of-INtErest (ROI) .......cocieiuieieece ettt e e s e e e e sreesaeeeesneesneenseenseens 51
6.2.3.5 RTP REIMANSMISS ON...c.eieeitestete sttt sttt se e b e bt bt st e e e sbeseeeb e s bt eheeae e s et see s e nbesbesbe s e ennennen 54
6.2.3.6 Forward Error CorreCtion (FEC) ........oie et ete st see st e e st ste e sae s sse e e e sneeste e e enesnaesnaesseesanes 54
6.2.4 1= PSSR 54
6.2.5 Bandwidth NEQOLIGLION.........c.ee it e et e e esa e te e be e reeteenneeneennes 55
6.25.1 LT 07 TSP RRRRRUSR 55
6.2.5.2 RS 0= o o TSR TR 57
6.2.5.3 RV AT L= T RS 60
6.2.6 The Synchronization Info attribute "3gpp_SYNC_INFO" .....c.oiiiiiiie s 60
6.2.7 Negotialed QOS PAIAIMELENS .....c.ceue ettt sttt ettt st b et b e seeae b s e e bt b e e e bt be e e b e se et ebesb et ebe e 61

ETSI



3GPP TS 26.114 version 16.11.0 Release 16 4 ETSI TS 126 114 V16.11.0 (2021-10)

6.2.7.1 LT 07 S SRRRUSRR 61
6.2.7.2 Alignment of negotiated QoS parameters and b=AS bandwidth modifier..........ccoceovvvivninininienn 61
6.2.7.3 Alignment of negotiated QoS parameters and a=bw-info attribute............ccocooeiiieniininneee e 62
6.2.74.1 (T 0T PSS RRSRSN 63
6.2.7.4.2 3gpp-gos-hint ABNF syntax and SEMANTICS ........ccueeririeirinieiresieesie st 63
6.2.7.4.3 Creating @n SDP OfEr ......oii et e et sreenaeenreereen 64
6.2.7.4.4 Creating @N SDP GNSWET .......cccuiiieiieeieeestesee e eseestesaeseesseesseeseasseasesssaesseeteessesneesseesseesseenseensenns 64
6.2.7.4.5 Offerer reCeiving an SDP @NSWET ........cccviieiie e eriesee s eesee s este e e stesrae e eesseesseseessaesseenseenseans 66
6.2.8 Delay Budget Information (DBI1) SIgNaling.......cc.eccuriieiieiieseeseesie e ese et ae e ae s s 67
6.2.9 ANBR SUPPOrt attribDULE "aNDE" ...t raenraenneas 67
6.2.10 [ = W17 1010 O RRSRSN 68
6.3 SESSION CONEIOI PIrOCEAUIES.........eeiiteieeieete sttt sttt b ettt b e st b e et b e st e st b e se st b e et e bese et e b e s b et eb e b e e 71
7 D= = N =000 PSR 72
7.1 LT 0T OSSP 72
7.2 L (01 = 72
7.3 RTCP USAJE. ... eettrteneete ettt sttt ettt ettt sa e s et e e es b e e e st e e e e e es e e b e ee e st ke e e s e be e e st b et ene b e s e e ne e b e s beneebeneeneenis 72
731 (CT= 0T o SO PPSPPSN 72
7.3.2 S0 o SO PPTSPPSTN 73
7.3.3 RV L= TSR 74
734 REAI-TIMIE TEXE. ...ttt bt b e bt b e h e b et e e e e s Rt bt sheeb e e he e st e e e e e besheeb e e e ennennen 75
7.35 V2o o OSSR USROS 75
7.3.6 REAUCEA-SIZE RTCP ...ttt et et st b e be et e st e e e eeseesaesaesaees e e e enseneeseesbesaeeseeneenseseens 75
7.3.7 Video Region-of-Interest (ROI1) SIgNaAIING .....coveeririeiriieirereeees e 76
7.3.8 Delay Budget Information (DBI) SIgNATNG.......ccueeririeiiirieiee ettt 78
74 RTP payload formats fOr MTSI CHENES .....c.eiuiieiiiiiece et 81
7.4.1 (CT= 0T o SO PRSP 81
7.4.2 S0 o SO PPTSPPSTN 81
7.4.3 YA L= TSRS 82
744 REAI-TIMIE TEXE. ...ttt bt e e bt b e he b et e e e e s Rt bt sheeb e e he e st e e e e e beeheeb e e e enneneen 83
745 Coordination Of Vide0 OFENEALION .........ccuertirierieitiet ettt sttt sb et e e e b e e e b e enee e ennes 83
7.4.6 RTP REITANSIMISSION ...ttt sttt etttk b et e et e ek s he b e e st e s e e e ea e b e sheeb e s st ese e e e neenbesbesbeeneennennen 85
747 Forward Error CorreCtion (FEC) ...ttt bbb 85
75 Y= T oSSR 85
751 (€71 PR 85
752 MBOIA SPECITIC ...ttt et b et b e et b e s e bt b et b e e b e se st e bese et b s b et eb e et 85
7521 SPEECN ..ot ee e 85
75211 (T 0T USRS 85
75.2.1.2 (D1 =10 Lo 0 = 1 o o 85
752121 (€= g1 - TSP 85
75.21.22 (00T (= ol 1V ol L = [T L= 86
75.21.2.3 Frame aggregation and redUNOENCY ..........cccooeeieeieeeieeeeeeseesee e ee e st te e snaesreennees 86
75213 HSPA ettt st et R Rt A et R e E et h e R e At R e R et Rt ARt Rt e Rt bt en e ne e e e enn 86
75214 L o SRR 87
75215 ] 1 SRS 87
75.2.1.6 Initial codec mode for AMR @and AMR-WB ...t 87
7.5.21.7 E-UTRAN GNO NR ..ottt ettt e st esae e s ae e sbeesaeeabeeasesaeasbeesteenbeentesnsesanesans 88
75.2.1.8 Initial codeC MOAE FOr EV'S..... .ottt 88
75.21.9 [ 10 0 o o PSR 88
7522 RV T = o TSRS 88
7523 1= PSS 88
753 V= o [ YT e T £ o] o P 89
7531 LC T o1 - TSRS 89
7532 1= PSS 89
754 ECN USAgE IN RTP SESSIONS......ciiieiieiiesie ettt ettt e st et e e teetesee s eesreesaeesseeaeenteentessaesseesseeseeseensesnsennes 89
755 Handling Of Dit-rate VAIraliONS.........c.coirieieereee ettt ettt sttt b e e sb e 89
7551 LT 07 | PO 89
7.5.5.2 Lo L= o TSRO SRRPROO 90
7553 S 0= o o TSP 20
8 Jitter buffer management in MTSI clientSin termMiNalS.........ccoveeiriniien e 90
8.1 GBNENEL ...ttt b b h ek E R £ e R e R e R SR e R £ e A e ea £ e R e R e Ee AR e eb e e Reeh e e e e b e Rt ehe bt eneene e e enns 90

ETSI



3GPP TS 26.114 version 16.11.0 Release 16 5 ETSI TS 126 114 V16.11.0 (2021-10)

8.2 S 0= o o OSSP 90
821 LIS (0011271 | OO P TR STRPRRR 90
822 Functional requirements for jitter-buffer management ... 92
823 Minimum performance reguirements for jitter-buffer management ... 92
8231 LCTc 0T TSRS 92
8.2.3.2 Objective performance FEQUITEMENES ..........coiiieiie e seeseesteete s e sreesreesteeseeeseeseesseesseesseenseessesseesseessens 93
8.2.32.1 LC TS g1 - PSS 93
8.2.3.2.2 Jitter DUFfEr del@y CrItEITA .. ..eiee et e nae s raesraenneas 93
8.2.3.2.3 Jitter induced conCealMENT OPErBLIONS........c.eicuieeeeeeeie et ee et e e e este e e etesraesreenreas 94
8.2.3.3 Delay and €rTOr ProfilES ......ccuveieeiee ettt e e ae et e ae e ene e teeaeeenaeenaeenaesneenreas 95
8234 Speech material for IBM minimum performance evaluation.............ccoeoeererreneneneneeeseee e 95
8.3 [V 40 = o TSRS 95
8.4 1= ARSI 95
9 PaCKet-10SS haNAIING........cciiie ettt e b e e e besaeesesbe e s eeestesneetesteennens 96
9.1 LCT= 1< - ST T TSP 96
9.2 S 0= o o OSSPSR 96
921 (CT= 0T o SO PPSPPSN 96
9.2.2 Transmitting reduNCant FraMIES.........ccuiiieiiereee et et e e saaesreesaeenseenteenseenaesseesnaesnens 96
9.2.3 RecaiVing redundant fraIMES ........coociie e e st et et ess e s re e be e teeteenneenneenes 99
9.3 RV AT L= OSSOSO 100
931 LT 1 USRS 100
9.3.2 RS =AY = 1= 7= 1Y/ o | SR 100
9.3.3 S 010 (= g 1= 7= Y o U USRS 100
9.34 Recommendations for packet 10Ss recovery mechaniSms USAgE.........cvvvieeerierieenienieesiese s 101
9.4 1= OSSO 102
O T e o o) = (o SRS 102
10.1 LT o1 - SRS 102
10.2 S 0= o o SO 102
10.2.0 (=0T o OSSPSR 102
10.21 RTCP-APP With COOEC CONLIOl FEOUESES........c.eiviieiieiirieieiesie ettt s 104
10.2.1.1 LT 0T RS 104
10.2.1.2 Genera Format of RTCP-APP packet with codec coOntrol reqUESES.........coeveerereeerieneeneeeiesieeeiens 104
10.2.1.2a PAOTING ...ttt bbb bR R R bbb et b b 105
10.2.1.3 REAUNABNCY REGUESE........c.eeuieieeiiieee ettt et bbb st b e 105
10.2.1.4 Frame AQgregalion REGUESL.........cvi i ieereeiie e e et e e s esae e teesteeseesseesse e teeseenseeneeanes 106
10.2.1.5 (00T (= ol 1Y/ ol [ = [T SRS 106
10.2.1.6 Generation of RTP payloads for multiple codec CONtrol reqUESES........cocvvereeveeseeie e e e 107
10.2.1.7 EVS Primary RaE REGUESE ......c.oiueieirieieie ettt sttt st st st sttt se st sttt st ne 108
10.2.1.8 EV S BanaWidth REGUESE.........cce ittt st st sttt s sttt e st st ne 109
10.2.1.9 EVS Channel AWar€ REQUESL .......c.coirieiirieieese ettt sttt st sttt st et 109
10.2.1.10 EV S Primary mode to EVS AMR-WB IO mode Switching REQUESE ...........ccovereininecieeecee 110
10.2.1.11 EVS AMR-WB IO mode to EVS Primary mode Switching REQUESE ...........ccovirieinirecreeceeiee 111
10.2.2 EXBIMPIE USE CBSES .....eviueteteeetete ettt bbbt bbbt b b et b bbb 111
10.2.3 SDP negotiation fOr RTCP-APP.........co ettt bbbt bt b e sn et 113
10.3 RV Ao = o TS 115
10.31 L1 PPN 115
10.3.2 SIgNAliNG MECHBNISIMIS .....cviiiiciece et e et te e s e e saeesaeeteeneeeneeaseenteenseensenneesnensneas 115
10.3.3 WX r= ) 0 I e T = £ 116
10.34 Sender behavior, AOWNSWITCING .......eeciieiece et e e e ereesreesseeneeenaesreesneas 117
10.34.1 Downswitching divided iNt0 PhaSES.........ccoci i 117
10.34.2 RELE redUCTION PhESE ... .eeieeeee ettt s e st e e e e sre e s te e te e eeeneeneeenes 117
10.34.3 DElAY FECOVENY PRBSE......e ittt ettt ettt b et b e bbbt b e bt b e b et bt e e et b 118
10.35 Sender behavior, UP-SWITCNING. ..o e 118
10.3.6 Receiver behavior, dOWN-SWItChING. .........ciieieieie et st e e e 118
10.3.7 Recaiver Behavior, UP-SWITCR........ooiieee et sttt s e et e e e 118
10.3.8 ECN triggered aaptalion ..........cccooueeririeiieriesieses sttt bbbt b et b et e 119
104 1= SRS 120
105 EXplicit CoNgeStion NOLFICALION.........ccueiieiieiece ettt e e sre e sreeteeneeenaesneenraesneas 120
10.6 Using the a=bw-info attribute for adaptation .............covi i 120
10.7 Access network Ditrate reCoMMENTELION. .........ccceiiiiiireeee e e 121

ETSI



3GPP TS 26.114 version 16.11.0 Release 16 6 ETSI TS 126 114 V16.11.0 (2021-10)

10.7.1 LT 1 PPN 121
10.7.2 Relation to session signaling bitrate information.............oeoeriiniinnee e 122
10.7.3 Use with dynamic bitrate adaptalion.............coeoeeiiieiiieee e 122
10.7.3.1 LT 0T RS 122
10.7.3.2 Adaptation Of SENE MEAIA ........ccuciiiere bbbt 122
10.7.3.3 Adaptation Of reCaIVE MEUIA .........coeueiee et e e nteenaesreesneas 125
10.7.4 Message MapPiNg fOr LTE GCCESS ....cciiiiiieieieseesieeeeiesaeseesseesaeesseeteesaessaessaesseesseessesnsesneesaessssansesnsenns 126
10.7.5 Message MapPing fFOr NR GCCESS ......ccovivuieiieieeieseeseeresstesee e e s e et e e e etessaessaesreesseesseeeesaeesseenseensenns 126
11 Front-end NANAIING .....coooeee ettt b e e e et b b n e e e e e 126
111 LT 0T PR 126
2 141 0= Yo (T oo RS 127
121 LC T o1 =SOSR 127
12.2 BGr324M ..ttt R ARt E ARt R e AR R e Ee ARt £ e Rt e AR et e AR et e Rt eRet e Rt benbe Rt ere b e ene 128
12.2.1 (=0T o OSSPSR 128
12.2.2 (0010 L= o 1 o[- T S 128
12221 (€T 0T - TSRS 128
12222 LIS TR 128
12.2.3 PAYIOBA FOMMBL........eitieeeeetee et b et b et b et b et b et b e b 128
1224 MTSI media gateway trans-PackeliZation.............coereiririeieriesee e 128
12241 LT 0T RS 128
12242 SPEECH AE-JITLEr DUFFE ...t e b bbb e 128
12.24.3 Vide0 DItrate @QUELTZEEION ..........ooueuiriiieirieeee bbb bbb 128
12244 (D= e= ] [0S S L= (= o o 1R 129
12.245 (D= ez W E a1 o [ 13V T g0 o= 1 o o 129
12.2.4.6 PaCKet SIZ€ CONSIAEIALIONS.......ccueiuieeieieierie ettt sttt e e bt bt h e bt e e et e e sn b e et ene e e e e e 129
12.2.4.6.0 LC T T - TR 129
12.2.4.6.1 The Maximum Receive SDU Size attribute "3gpp_MaxRecvSDUSIZE" ..........cccovveeveevvevieeeene 129
12.2.4.7 S LT T I (] 07 0] 1P 130
12.24.8 ProtOCOI TEIMINEBLION. ... .ttt r b a et re et et eb e s et st et e e e e e e e sr e b e saeene e e et e 130
12249 Media SYNCAMONIZALTON .......oeeieiiiee ettt b ettt b e bbb 130
12.25 1S5S T o) g o] o 11 o) ISP RRRRN 130
12.3 GERAN/UTRAN CSiNtEr-WOIKING. ... .c.ciutrteiertirieieiesteieiesi ettt ss et sn e sbesne e 131
12.30 LG 727 OSSPSR 131
1231 Codecs fOr MTSI MEdia GALEWEAYS. .......coereeueriereeeete sttt sttt st b e et se et b e et b ne e 131
12311 Speech interworking between 3GPP PS access and CS GERAN/UTRAN.......coccovvevv v e, 131
12.3.1.1a Speech inter-working between fixed access and CS GERAN/UTRAN. ..o veeveeveecee e 132
12.3.1.2 LIS TR 132
12.3.2 RTP payload formats for MTSI Media QaleWayS.........cccvieieeiee e ese e e see st e e ae e e e e e enneeeeens 132
12321 S 0= o o TSRS 132
12.32.2 LIS TR 133
12.3.3 Explicit CoNgestion NOLTICALION ........c.ciiieiiriiieeriee bbb 134
12.34 Codec switching procedureS With SRV CC ........coiiiiiiiiieesereee e e 134
124 LY I A SRS URRR 135
1241 G324 ettt ae e he e bt bt eate R ee Rt e ehe e ehe e At e At eeeeRe e bt e bt eateenteeneenaeesaeas 135
1242 PSPPSR 135
125 GIP INEE-WOEKINQ. ...ttt b bbbt b et b et b b e et b e bt e b e b 135
1251 1= 135
1252 S 0= o o OSSPSR 135
12.6 Yoo PSSP 135
126.1 Yoo TSRS 135
12.6.2 Yoo TSRS 135
127 Inter-working with other IMS and NoN-IMS TP NEIWOTKS ........ccooviiiiiiiieese e 135
1271 L1 PPN 135
12.7.2 S 0o o TSRS 136
12.7.2.1 LT 0T R 136
12.7.2.2 SPEeeCh COAECS AN FOIMELS ......oviueitieeeete ettt st b e et b e e eb e b e b b neeneas 136
127221 MTSI MGW for interworking between MTSI client in terminal using 3GPP access and other

IMS OF NON-TMS TP NEIWOTKS ...ttt et bbb 136
12.7.2.2.2 MTSI MGW for interworking between MTSI client in terminal using fixed access and other

IMS OF NON-TMS TP NEIWOTKS ...ttt ettt se e sb e sne e 136

ETSI



3GPP TS 26.114 version 16.11.0 Release 16 7 ETSI TS 126 114 V16.11.0 (2021-10)

127223 COIMIMON PrOCEUAUNES......c.eeueeterteaeetestere ettt ettt se sttt se et eb e re et ebe b e e es e sb e s esesbeseeseebess e e b et e sesbesnennens 137
12.7.2.3 Codec preference order for SeSsionN NEGOLIALTION .......c..ceierieere it 137
12724 RTP PIOFIIES ...ttt et b et b e bbbt b e bbbt b b et b b 137
12.7.25 RTP PAYI0GA FOIMELS. ......eiveeiteiteeeeesie ettt ettt sttt eb bbbt b et st b e 137
12.7.2.6 0 G (2 1] o] o 138
12.7.2.7 RTCP usage and adaptation ...........ccceieeiieiierie e e e see s e s e e saeeseesaesseesse e seete e e essesseenseensessesnssanes 138
12.7.2.8 I == o ST TTSRTS 139
12.7.2.9 Session setup and SeSSiON MO fICALION. ......cc.vevieece e e sreenaeereens 139
12.7.2.10 AUIO 1EVE] @lIGNMENT ... .o s e s ae et e e ae e s re e aeenseentenneesneesnees 140
12.7.3 Explicit Congestion NOUTICAIION .........c.ecueiieiieie e e e e et e e aesaesreesaeesaeenseeseens 140
12.74 = SRR 140
12.7.5 Inter-working 1Pv4 @and [PV6 NELWOTKS.........cciiriiieiiiieise et 140
12.8 MGW handling for NO_REQ iNTEIWOIKI NG .......c.erueiiiieiriirieisieseeeneeee s 141
G TV o T o SRS 141
13a Mediatypes, codecs and formats used for MSRP trangpOort.........cccccevveeeiiceeviese e 141
13al GBNETEL ...ttt E b e b E R e R R R R e A £ e AR e R e Rt ARt Rt eh e e Rt e n e e e e R e nReeheene e e et nrens 141
13a.2 Difference relative to 3GPP TS 26.141 ... ..ottt s b et sr e b e 142
13a21 YT (= o SRS 142
14 SUPPIEMENLAIY SEIVICES....cviiticeeiteiteeiee st et e ste st e e s te e e te s aeete s teeaeesbesbeessesbeeseetesaeensesteensestesteensentesananns 142
141 LT 07 SRR 142
14.2 Mediaformats N trANSPONT..........ccii et e st e e re e teetesseesseesaeesaeeseenseenseensesnansanes 142
14.3 Mediahandling iN NOIA PrOCEAUIES.........ccuiiieieee e e e st esteeaeeteenreenaeeneesraesnnas 142
15  Network preference management ODJECT ... 143
151 LT o1 - SRS 143
15.2 [Tl (=S D=, 11 0Tl (o) o SRR 143
153 Example Configuration of 3GPP MTSINP MO ..ot 155
16 QUALILY OF EXPEITENCE.......ciuiieiieeeieiieeeie ettt sttt sttt se st e saesbene et eneesenaesbeneens 156
16.1 LT o1 - OSSR 156
16.2 MELITCS DEFINITION ...ttt e b bbbt st b e et e e e b e sbeebeenees e e e e e e 157
16.2.1 COorruption AUralion MELFIC ......cvieieeies ettt e e s e te e s e e steetesseesseessaesseenseenseenseesenssensnnas 157
16.2.2 SUCCESSIVE 10SS Of RTP PACKELS......ccueeciieiieiece sttt et et enteenaesnaenneas 157
16.2.3 FTBIME FALE......ee ettt ettt r e e e s e s ae e s R e R e e bt e s st e ae e eR e e sE e e b e e e e e e e smnesaeenneenreeneens 158
16.2.4 N 10 o (U= o o DU OSSPSR 158
16.2.5 SYNC IOSS QUIBLTON. ...ttt ettt b et b e bt b e bt b e b e bt et b et et et e sb et b e b 158
16.2.6 ROUNG-TETD TIMIE. .ttt bbb bbbt bbb et b et b e b 159
16.2.7 AVEra0E COUEE DITIALE ... o.ecuiiteeeeieteee et bbb bbbt et b e bbb ens 159
16.2.8 (@00 1= ol g1 1o 1 47 1o o ISP 159
16.3 MELFTIC CONFIGUIBLTON....c.eeeitiieeieete ettt bbb b bbbt b bbb e b e st b et e eb e b e e bt e e enis 160
16.3.1 QOE metrics reporting Management ODJECT..........coiiiiiie e 160
16.3.2 QOE metric reporting CONfiQUIALION.........ccveieesieeiece et se et e st et e b e e e e te s e e teereeneeneeenes 166
16.3.3 QOE reporting rule defiNitioN.........ceicue e e et et e et e re e ne e enes 166
16.4 Y oSy = oo T 1 o S 167
16.4.1 XML schema for QOE rePOM MESSAZE........ueivieieeieeieseesteesteesteeseeesseseesseesseasseesseesteestesssessessseesessssnsesnes 168
16.4.2 Example XML fOr QOE repOrt MESSAJE ......cecverieieeieeiesieseeseesteesaeeeeesaesseasseesseesseesesseesneesseesseensesnsenns 169
16.5 QoE Measurement Collection FUNCLIONAITTIES..........coieiiie e et 170
1651 Configuration aNd FEPOITING........c.eiuerieeriereee ettt eb et eb e bbbt b et e b e et sb e et b e b 170
16.5.2 XML CONFIGUIBLION ...ttt ettt ettt b bbb e b b et b e se et eb e se b e s b e e ebeebeseeneebeneeneas 172
17 Management of Media AdaPLaLI ON..........cciiiriirieeeeere ettt e s b e 173
17.1 LT o1 - SRS 173
17.2 M edia adaptation ManagemMeENt ODJEC ..........cccviieiee et e e e e sre e teeneeeasesneesnaesnees 174
17.3 M aNAgEMENT PIrOCEAUIES. ... .cveeiteeieeee et e etee st e e e e s teseesseesaeesseesteesteessessaesseesseeseenseaneesseesaeeseenseensennsennnnsanns 200
17.3.1 Management of SPEECH AAPLALION.........ccveiieece e esaeeneesaeesneenreereens 200
17.3.2 Management Of VIAdE0 adaptation............cvccuieiiiierics e re e sa e e e s e e saeenreeneens 202
174 Management of media robUStNESS A0APLALION..........ccrviieiriiieer s 204
L7401 GENELEL ...ttt ettt a et e te Rt ekt Re Rt et e AeEe Rt eEeeReeReeteeEe Rt eReeRe et enteaeeeteereeneeneeeetenrens 204
18 MTSI clientinterminal USING fiXEd @CCESS........cccuriririerieieieeeee e 205
181 LT 0T SRR 205

ETSI



3GPP TS 26.114 version 16.11.0 Release 16 8 ETSI TS 126 114 V16.11.0 (2021-10)

18.2 =0 TE= o0 L=t SRR 205
18.2.1 LT 1 USRS 205
18.2.2 S0 = o 1SS 205
18221 SPEECI COUBCS ...ttt b bbbt bbb e bt b et b e bt se bt eb e se b e sb e e ebenbeneeneebeneeneas 205
18.2.2.2 Error conCealMENt PrOCEAUIES............ciiiiiieeete sttt sttt sttt b et b e bbbt sb et sb e et b e b 205
18.2.2.3 Source controlled rat@ OPEIELION .........cceeciereerere e seeseeste et e e e et e e e teeaessaesaeesreesseenseesenns 206
18.2.3 [V AT o TSP TP POV P PSP 206
18.24 REAI-TIME EEXL. ...t b bbb b e bt b et e n et 206
18.3 VI o (1= oo g1 1T [0 =4 o] o ISR 206
18.3.1 (C1c 07 - OSSOSO TSP P TSP PURSTPTRRTPRON 206
18.3.2 SESSION SELUP PrOCEAUIES ......eveaeetiiteeete ettt sttt sttt s ae st st et b e s e et b s b et b sb et ke s b et ebese et et e s b e e ebe s b e 207
18321 LCTc 0T TSRS 207
18.3.2.2 S0 = o TSRS 207
18.3.2.3 RV 40 = o TSRS 208
18.3.24 1TSS 208
18.3.25 BandwWidth NEGOLIBLION ..........ceiiieiieieete ettt b e bt b b 208
18.3.3 SESSION CONEFOl PrOCEAUIES .......eeeieteeieeie ettt s e ettt e st et e s te e teeteeneesaeesseesseenseenseeneeenaessnnsnnas 208
184 (D =R (=101 0] A PR PPPRR 208
18.4.1 (C1c 07 - OSSOSO TSP P TSP PURSTPTRRTPRON 208
18.4.2 PECKELIZBEION ...ttt bbb bt e bR bR b e Rt R e r et 208
18.4.3 Il 0= Y 0= o N {0 1 7= | USSR 209
185 s g o0 = 7= 7= 1= 0= | S 209
18.6 PACKEL-10SS NBNAIING ...ttt et b bbb e ens 209
18.7 F X =T (o H OSSPSR SO PP URTO PSPPI 210
18.8 FroNt-€Nnd NANAIING ......veeeeeeeee et bbb e b bbbt b et nn e ens 210
18.9 SUPPIEMENTANY SEIVICES. ... eeeueitieeieetert ettt ettt b et b et e bbbt b et e bt b e e e Rt b e e e bt e b e e e bt e b e b e st ebe b e e 210
19  Additiona bandwidth INfFOrMEaLTON .........eiiieiic e 210
19.1 GENETAL ...ttt R R R R R R R R R R R R Rt R R e R Rt n R e n s 210
19.2 BanaWiath PrOPEITIES ....cveeeee et s et e et et e e e e et e saeesaeesre e teenteenteeneennaenneas 210
19.2.1 (T 0T = 0 =S o o S 210
19.2.2 Maximum Supported BanOWiOtN............c.ociiiieeieeceee e e e sneenreereens 211
19.2.3 Maximum Desired BanaWidth..............ooio et e 212
19.24 Minimum Desired BanaWith.............coooioo e et 212
19.25 Minimum Supported BanaWidth...............coirii e 212
19.2.6 LY £ T o SR 213
19.2.7 MaXiMUM PACKEL RALE........c.eeiiieeeeeeieeee ettt ettt et e e ee st et e saeereene e e e neeseesbesneeneeeeneeses 213
19.2.8 MiINIMUM PACKEL RBEE ......ceiiiieeieieeee ettt sttt ettt e ee st be s e e se e e et e neeseesbesseene e e eneenes 213
19.3 SDP GHIIDULE ...ttt e b n et n e r s 214
1931 DIEINITION ...ttt bbb bt h R R Rt R bRt ner e 214
19.3.2 S D e =010 = PRSI 214
19.3.3 DECIAIGLIVE USE......cviueeeiiieetireeee ettt e et r et r e et r e n et r e ne e 215
19.34 USAQE iN OFFEITANSWET ...ttt e s e ae et aa e e ae e be et e e teenseenaesnnesneesneanseensenns 215
194 Modifications of the bandwidth information by intermediate network nodes.............coeeveriinnccncnieene, 216
Annex A (informative): Examples of SDP offersand anSWers.........cccooeeeeeeneneneseeseseseeeeeeenes 218
A.1 SDP offersfor speech sessionsinitiated by MTSI client interminal ... 218
A.ll HSPA or unKnown aCcCeSS tECANOIOOY .......covirveuirtirieirierieeet ettt 218
A.ll1l Only AMR-NB supported by MTSI client in terminal ...........cooooeiiiiniieineeeeee e 218
A.112 AMR and AMR-WB are supported by MTSI client interminal.............cooovireinineonneneenesee 219
All21 ONE-PNESE BPPIOACK ...ttt ettt ettt b et b e se et eb e sb et bt se et eb e s b e neebeebeneeneas 219
A.11.22 IR 0T o] 7= S =0 o] o o PSSR 220
Al2 EGPRS ..ottt R R R R R e R R R R R e bR bt n R ren s 221
A.13 GEINEITC ACCESS. ... ettt ettt e s et e et h e e bR e st R R R Rt R e R bR e e et R e et R e n e r e re e 222
A.2 SDP offersfor speech sessionsinitiated by media gateway.........ccccoveeeereneneneneseseeeeeee e 222
A.21 LT 0T SO RRRRN 222
A.22 MGW between GERAN UE @Nd MT S| ...ttt e e e 222
A.2.3 MGW between legacy UTRAN UE aNd M TSI ..o 223
A24 MGW between CSUE @G IMT S ...ttt st ese e et e stesbeseesneeneeneaneeees 223
A.25 MGW between GERAN UE and MTS| when wideband speech is Supported..........ccoeveeveneenenieenenieneas 224

ETSI



3GPP TS 26.114 version 16.11.0 Release 16 9 ETSI TS 126 114 V16.11.0 (2021-10)

A.3 SDPanswersto SDP Speech SESSiON OffErS.......ccoiieiiiieic e 224
A31 LT 0T SRR 224
A.3.1a SDPanswer froman MTSI client in terminal when only narrowband speech was offered ............ccccceeueenee. 225
A.3.2 SDP answer from an MTSI client in terminal ...........coeeiiiiiiiiee e e 225
A.3.2a SDPanswer fromanon-MTSI UE With AVP.......co e e 226
A.3.3 SDP answer froman MTSI client in terminal supporting only AMR ........cooieiiiii e 227
A34 SDP answer from an MTSI client in terminal using EGPRS access when both AMR and AMR-WB are
LS 0] 10 1 (o [ 228
A.34a SDPanswer froman MTSI client in terminal using EGPRS access when only AMR is supported............... 229
A.34b  SDPanswer froman MTSI client interminal USING WLAN ..ot 229
A.35 SDP answer from MTSI MGW supporting only one codec mode set for AMR and AMR-WB each........... 230
A.35a SDPanswer from MTSI MGW supporting only one codec mode set for AMR .......coooeiviniinineincnee, 232
A.3.6 SDP answer from MTSI client in terminal on HSPA for session initiated from MTSI MGW interfacing
UE ON GERAN ..ttt ettt ettt b e bt et e e e abe s aeesae e she e sae e beembeeaeeeaseaeeenteemteenteensesnnesanas 232
A.3.7 SDP answer from MTSI client in terminal on HSPA for session initiated from MTSI MGW interfacing
L= = Ton VAL 1 o T N N S 233
A4 SDPoffersand answers for VidEO SESSIONS......ccciiieeireriereeeese e eee ettt see e sree e sneeneeseeenes 234
A4l W OI0. ottt e e et e et eeteeebe e be e beeabeeheesheeaheeeteeteeateeaeeeheeabeebe e teeheeataeteeateebeeteaneeaeeareeareenreens 234
A.42 RV oo SRS 234
Y R o B0 TV Y TR 234
A.42b  High Granularity CV O EXAIMPIE........ciiiiiiiieiiitereeiest ettt bbbt b e b b s b et sn e b et neenenbeneens 236
Y o S I ol 2 (= =0 1S 4TSS o) o P 236
A.42d  RTP Forward Error CorreCtion (FEC) ........ocuoiiiireiriienienieist ettt 237
A.d2e  SDP EXaMPIES WITN RO .....iiiiiiiiiiieieierieee sttt sttt b et s e bt en e b e st eneesesseneens 238
A.43 RV oo OSSR 244
A44 RV oo OSSO 244
Adda  H.264/AVC with "imageattr” attribULE..........ceciieiee ettt esnaesneas 244
A.d4dal H.264/AV C with "imageattr" attribute — different image sizesin SDP offer and answer ...........ccccceeuee.. 246
A.44a2 H.264/AV C with "imageattr" attribute — different payload type numbersin offer and answer ................ 247
A.44b  H.264/AVC with "imageattr" attribute with multiple rpmMaPs..........coeeeirieee s 248
A.45 H.264 With aSyMMELFC VIOEO SITEEMS .......eeeieitiieciiite ettt et b e ettt sr e eb b e eneas 250
A.46 H.264/AV C with "imageattr" attribute for NON-CV O OPEratioN..........coeeervirieirinieerieseeesieseeese s 251
AAT  H.264 (AVC) @0 H.265 (HEVC) ...ooueeeceeeeeeeeeeeeeeeee st see s s s sesnansan 253
A47.1 MTSI client with 848x480 resolution 5NCh diPIAY .......ccvirieiriiee e 253
A.4.7.2 MTSI client with 1280x720 resolution 5 iNCh diSPlay .......ceccveieeieeri e 254
A4.7.3 MTSI client with 848x480 resolution 10 iNCh diSPlay .......cceiceeieeieeriee e 255
A47.4 MTSI client with 1280x720 resolution 10 inCh diSplay .......cccveieeieeiieei e 256
A.4.8 H.264 (AVC) and H.265 (HEV C) with asymmetric Video StreamS ..........cccceveeieeieeveese e ee e 257
F TS B o = £ 0 =« SRS 258
A5.1 T.240 with and WithOUt FEdUNTANCY .........c.oiiiiiiitiieeie bbb 258
A.6  SDP example with bandwidth iNfOrMation ............ccociiiiiinene s 260
A.6.1 LC T o1 - OSSR 260
A.6.2 SDP examples with bandwidth information declared with bandwidth modifiers..........ccccovvvvceicevceevecne 260
A.6.3 SDP examples giving additional bandwidth information using the a=bw-info attribute..............cccccevvene.e. 261
A.7 SDP examples with "3gpp_sSync_info" atribULE.............cooiiirieieeeeee s 264
A71 SYNCIIONIZEA SITEAMS.... ettt b bbb h e bbb et e b s st b e bt s b b 264
A.7.2 NONSYNCHIrONIZEA SIFEAMS.......ccviieiieterteet ettt bbbt bbb st b bbb s nn e ens 264
A.8 SDP example With QOS NEJOLIALION.........ciiiiririeeie et nr e 265
F NS T o T o SRS 269
A.9a SDP offer/answer regarding the use of Reduced-Size RTCP..........cccooeirinininersereeeee e 269
A.10 Examples of SDP offers and answers for inter-working with other IMS or non-IMS IP networks.....270
N L0 R €= o 1= | O S 270
A.10.2 Sessioninitiated by MTSI client INterMINal ..........oooeeiiie et 270
A.10.2.1 SDP offersfroman MTSI client iNtermMinal ...........coooiiiiii e 270
A.10.2.2 SDP offers modified by MTSI MGW when pre-emptively adding inter-working formats...................... 271
A.10.2.3 SDP modified by MGW when adding inter-working formats only when the original SDP offer was
1= =01 (=0 S PR 272

ETSI



3GPP TS 26.114 version 16.11.0 Release 16 10 ETSI TS 126 114 V16.11.0 (2021-10)

A.11 Adding or removing a video component to/from an on-going video call session...........cccoceevvveennee. 274
A.12 SDP examplesWhen USING ECN .......c.oooiiiiice ettt st s b e eeens 278
A.12.1  SDP exampleswhen using ECN fOr SPEECH.........ccvii e 278
Al1211 With RTP/AVP and zero RTCP BanOWidtN..........cooieiiieineiseeses e 278
A121.2 With RTP/AVPF and non-zero RTCP bandWidth ..o 279
A.12.1.3 With RTCP ECN feedback messages and RTCP XR ECN summary reports for inter-working with

0] Y I I o T o1 PR 280
A.12.2  SDP examples when using ECN for Video iN RTP........c.cciiiiieiicreesese e 281
A.1221 Without RTCP AVPF ECN feedback messages and RTCP XR ECN summary reports..........cccveeeeeene 281
A.1222 With RTCP AVPF ECN feedback messages and RTCP XR ECN summary reports for inter-working

WIth NON-MT ST CHENES ..ttt a et e et et e seeseesaeeneeneeneeneas 282
A.13 SDP examplesfor MTSI client interminal using fixed aCCESS........covvieviiiece v 283
AL L GENEIA ..ottt h R R R R R AR R R AR R e R R R Rt n R e r e s 283
A.13.2  SDP eXampPleSTOr PCM ...ttt sttt et e te s e sae e s te e teetesnaesneenseenteenseenseeneesneesnnas 283
A.13.3  SDP eXaMPIETOI G.722........ee ettt e st e st te et e et e e s e st e e te e te e teentesaeesaeeaseenseenseensenneesneesnnas 284
A.134 SDPexamplefor EVS, AMR-WB, G.722, AMR, PCM and DTMF .......coiiiiiiiiieeeee e 284
A.14 SDP offersand answers for speech sesSonsWith EVS ..o 285
A.141  SDPoffersinitiated by MTSI Client interminal ..o s 285
A.14.1.1 UNKNOWN @CCESS LECHNOIOQY ... veveeieeeiee ettt s st e e st e be e e ensesneesnnesaeesneenseensenns 285
A.14.1.2 EGPRS.....cc ettt R R R R R R R Rt e Rt R e r e 286
A14.13 NR/E-UTRAN/IHSPA ...ttt et b et b bt e n ettt 287
A.1414 (D07 1170 00 F TP USRS 287
A.14.2 SDP offersinitiated Dy Media QateWaY ..........ccceceiceeieeie ettt e e naeas 288
A.14.2.1 Network between MTSI using fixed access and MTSI modifying SDP offer to configure EVS AMR-

LAV 2 38 1 o' To o L= OSSPSR 289
A.14.3 SDPanswersfrom MTSI client intermingl ..........ooooiiieiieiiie e e 290
A.1431 SDP answer from MTSI client in terminal when narrowband speech is negotiated...........ccocoovireenenee 290
A.1432 SDP answer from MTSI client in terminal when up to wideband speech is negotiated ...........cocooeevienene 290
A.143.3 SDP answer from MTSI client in terminal when only wideband speech is negotiated ............ccccoeeneneee 291
A.1434 SDP answer from MTSI client in terminal when up to super-wideband speech is negotiated ................. 291
A.14.35 SDP answer from MTSI client in terminal when only super-wideband speech is negotiated .................. 291
A.14.3.6 SDP answer from MTSI client in terminal USING WLAN ......oociiiie e 292
A.14.3.7 SDP answer from MTSI client in terminal supporting dual-mono0 ...........cccevcevie e reese e 292
A.14.3.8 SDP answer from MTSI client in terminal supporting dual-mono for send direction..........c..cccccvvuenen. 292
A.14.39 SDP answer from MTSI client in terminal when SC-VBR isnegotiated .........ccccovveevieeveeveice e 293
A.14.4  SDPanswersfromMTSI client interminal using fiXed 8CCESS..........couiirieiriniiereeee s 293

A.144.1 SDP answer from MTSI client in terminal using fixed access when narrowband speech is negotiated...293
A.144.2 SDP answer from MTSI client in terminal using fixed access when only wideband speech is

[0S o 0Lz = IO OSSOSOV PT SRR 294
A.144.3 SDP answer from MTSI client in terminal using fixed access when only super-wideband speech is

[0S o o)1= = IO OSSOSOV PE SR PT ST TTS 294
A.15 SDP offersand answers with ANBR capability Signaling .........ccccoeeeeveieniese e 295
A.16 SDP offers and answers with QOS hint SIGNAIING........cccovriiiriirieieeee s 296
A.17 SDP offersand answers with data channel capability Signaling.........cccooveveiiece e 298
Annex B (informative): Examples of adaptation SCeNArioS..........cccerereninerieseseseeeeeeese s 300
(S RVATe (= ol o L1 = (X0 = 0] 71 (0] [ 300
Annex C (informative): Example adaptation mechanismsfor speech...........cccoeveiiiiininncnen, 301
C.1 Example of feedback and adaptation for speech and VIdeO...........ccccevvveeviiiciie v, 301
Cl1 T Lo o 1o o B PSPPSR PP 301
Cl2 SigNalling Stale CONSIAEIBLIONS .......ecveieeieesieesie e et e e e e e e saeseesreesae e teeseeeseesseenseeneassaesseesseenseenseeneeanes 302
C.13 Adaptation state maching implEMENLELIONS.........cccveiiiie it ae e e e sreenreeneens 304
Cl31 GBINENEL ...ttt b b h et R R SRt eh SRR e e e e R e bt eh e R e e Reeh e e e e benheeheene e e enrenren 304
C.132 Adaptation state maching With fOUr SLALES ..........cueiieiiece e e 306
C.133 Adaptation state machine with four states (simplified version without frame aggregation)..................... 309
C.134 Adaptation state maching With tWO SEEEES..........coueeiireiirieeereee e 311

ETSI



3GPP TS 26.114 version 16.11.0 Release 16 11 ETSI TS 126 114 V16.11.0 (2021-10)

C.135 Adaptation When USING ECN ..ot 312
C.2 Example criteriafor video bit rate feedback and adaptation.............ccccceviiieieiecce s, 314
cz21 1011 (0o (8 Tex 1o o [PPSO 314
C.22 Y L= = B = o [ Lo L= RSP 315
C.23 MEAIA TECEIVEL SIUB ...ttt e et e et e e st e e s be e e be e s beesabeesseesabessaseensbeesaseesabeesareesateesnseesares 315
C24 Video encoder bitrate adaptation, dOWN-SWITCH ...........ccoiiieiiiiesec e 315
C25 Video encoder bitrate adaptation, receiver-driven UP-SWItCh..........cccveviviricee e 317
C26 Video encoder bitrate adaptation, reCOVErY PhaSe...........ccceiieieeiiecece e sees 317
Annex D (informative): Reference delay computation algorithm ... 319
Annex E (informative): (0101 o] o)1 1= TSRS 321
N R 710 1< = OO 321
E.2 Bi-directiona speech (AMR12.2, IPv4, RTCP and MBR=GBR bearer)...........ccccsevrvrereeruerenrerennnns 321
G TV o T o SRR 322
E.4 Bi-directiona rea-timetext (3 kbps, IPv4 or IPv6, RTCP and MBR=GBR bearer)..........cccvevuenenee. 323
E.5 Bi-directiona speech (AMR-WB23.85, IPv4, RTCP and MBR=GBR bearer) ...........c.ccecereruervrernne. 325
E.6 Bi-directional video (H.264 AVC level 1.1, 192 kbps, IPv4, RTCP and MBR=GBR bearer) ............ 325
E.7 Bi-directiona speech (AMR12.2, IPv6, RTCP and MBR=GBR bearer)...........cccccevvrivevvrervnsesnenn. 326
E.8 Bi-directiona speech (AMR-WB23.85, IPv6, RTCP and MBR=GBR bearer) ...........c.cceceververerernne. 327
[ Y o TTo ORI 328
E.10 Bi-directional video (H.264 AVC level 1.1, 192 kbps, IPv6, RTCP and MBR=GBR bearer) ............ 328
E.11 Bi-directiona speech (AMR, IPv4, RTCP and MBR>GBR bearer).......ccccovvevveveneiceeecese e 329
E.12 Bi-directional speech (AMR-WB, IPv4, RTCP and MBR>GBR Dearer) ..........ccooevereirenenencnennene 330
[ IS TV o T RO 331
E.14 Bi-directional video (H.264 AVC level 1.1, IPv4, RTCP and MBR>GBR bearer).........ccccevvevuennenee. 331
E.15 Bi-directiona speech (AMR, IPv6, RTCP and MBR>GBR bearer).........cccooovvvvenericieeeesese e 332
E.16 Bi-directiona speech (AMR-WB, IPv6, RTCP and MBR>GBR Dearer)..........ccccevereivrenenencnennenes 333
Nt Y o T ORI 334
E.18 Bi-directiona video (H.264 AVC level 1.1, IPv6, RTCP and MBR>GBR bearer)........ccccceevvvrvennne. 334
E.19 Bi-directiona video (H.264 AVC level 1.2, 384 kbps, IPv4, RTCP and MBR=GBR bearey) ............ 335
E.20 Bi-directional video (H.264 AV C level 1.2, 384 kbps, IPv6, RTCP and MBR=GBR bearer) ............ 336
E.21 Bi-directional video (H.264 AVC level 1.2, IPv4, RTCP and MBR>GBR bearer).........cccccevvevuenenne. 338
E.22 Bi-directiona video (H.264 AVC level 1.2, IPv6, RTCP and MBR>GBR bearer)........ccccceevvvrvennene. 341
E.23 Bi-directiona video (H.265 (HEVC) Main profile, Main tier, level 3.1, 500 kbps, IPv6, RTCP

ANA MBREGBR DEAME) ..ottt sttt st st e st sae et e s beeaaeseesreeneentenaean 342
E.24 Bi-directiona video (H.265 (HEVC) Main profile, Main tier, level 3.1, 500/40 kbps, IPv6, RTCP

ANd MBR>GBR DEAIEN) ......oviiiecieieeeee sttt te st et e e e e eseeneneensennens 343
E.25 Bi-directional video (H.265 (HEVC) Main profile, Main tier, level 3.1, 600 kbps, IPv6, RTCP

ANd MBRZGBR DEAIEN) ...ttt sttt te st et e e et eneeseesenaensennens 344
E.26 Bi-directiona video (H.265 (HEVC) Main profile, Main tier, level 3.1, 600/40 kbps, IPv6, RTCP

ANAd MBRSGBR DEAMEN) ..ottt sttt sttt e e st sae e e e s beeneesbesteeneenbenrean 345
E.27 Bi-directional video (H.265 (HEVC) Main profile, Main tier, level 3.1, 650 kbps, IPv6, RTCP

ANd MBRZGBR DEAIEL) ...ttt sttt et e e neeseesesaensennens 346

ETSI



3GPP TS 26.114 version 16.11.0 Release 16 12 ETSI TS 126 114 V16.11.0 (2021-10)

E.28 Bi-directiona video (H.265 (HEVC) Main profile, Main tier, level 3.1, 650/40 kbps, IPv6, RTCP

aNd MBR>GBR DEAIEL) ..ottt sttt ettt e 347
E.29 Bi-directiona video (H.265 (HEVC) Main profile, Main tier, level 3.1, 750 kbps, IPv6, RTCP

ANd MBRZGBR DEAIEL) ...ttt sttt st et et e e et eneeseesesae s ennens 348
E.30 Bi-directiona video (H.265 (HEVC) Main profile, Main tier, level 3.1, 750/40 kbps, IPv6, RTCP

ANd MBR>GBR DEAIEN) ......oviiieiieieeceese ettt sttt et et e e e eseesesaensennens 349
E.31 Bi-directiona speech (EVS 13.2, IPv4, RTCP and MBR=GBR bearer) ........cc.ccecevevrerereveeenerennnnns 350
E.32 Bi-directional speech (EVS 24.4, IPv4, RTCP and MBR=GBR Dearer) .......c..ccceeeevvreeveneceeseseennn, 351
E.33 Bi-directional speech (EVS 13.2, IPv6, RTCP and MBR=GBR Dearer) .......c..cceevevrreevreneeeesresreennn, 352
E.34 Bi-directiona speech (EVS 24.4, IPv6, RTCP and MBR=GBR bearer) ........c..ccecevevrererereneneresnnnns 353
Annex F (Normative): RV o T o USSP 355
Annex G (Normative): DTIME @VENES. ...ttt st be e e reens 356
0 R 70 RSP S SRS 356
G.2 ENCOUING Of DTMEF BVENTS.....ccueitiiiiitiitiieiee ettt s et sb e n e e nenn e 356
TR S == Lo g I (1] o S SRPRSN 356
G.4  Datatransport FOr DTIMIF @UENLS.......ccecieiiiiciie ettt sttt sttt e s resre e besaesaeeneereens 358
Annex H (informative): Network Preference Management Object Device Description

FramEWOTK ......ccooieiiee ettt e e eas 360
Annex | (informative): QOE Reporting Management Object Device Description Framework ...361
Annex J (informative): M edia Adaptation Management Object Device Description
FramMEWOT K ....ccueiieiiieeee e 362

Annex K (informative): Computation of b=ASfor AMR and AMR-WB .......c.ccccoevviiiieinieenne 363
SN €= 0 1= | 363
K.2 Procedure for computing the BaNOWIGEN ..o 363
K.3 Computation Of RTP PaylOad SIZE..........cceeiiiieeiiiicee sttt ettt s a et ne e s ens 363
K.4  Detailed COMPULBLION ......ccveiuiieeiieieeie ettt sttt ee e s s te s reeaesbe e e e sresaaestesteensestesseesesneeneeseennes 364
Annex L (Normative): Facsimile tranSmiSSiON .........ccccvceeiiiiiceece et 373
R 1= 0 1= | S 373
L.2  FOIP SUPPOIT iN MTSI ClIENES......coiiiieieeeeeee e 373
L.21 Fol P support in MTS] client intermiNal ..........oooiiiiiie et 373
L.2.2 FOIP SUPPOIT IN MTSI IMGWV ...ttt b e et b e et b e e eb et b e bt eb b e ene s 373
L.2.3 Recommended CONFIGUIBLION. ..........c ittt b bttt sb et nn e enis 373
I S =S o LI (U] IS 374
L.31 Session setup for any MTSI client supporting facsimile tranSmiSSION ........cccvevveveecee e 374
L.3.2 Session setup when the recommended profile iS SUPPOIEd .........cvv e e 374
L.4 Datatransport USING UDPYIP..........oo ettt 375
(I O €] =l B N 11 (= Vo (] o 375
I =S I N T 01 = Vo4 (T o S 376
L.7  SDP EXAIMPIES ...ttt h bbbt e e R Rt R R R e R Rt et n e ren s 376
L.7.1 FACSIMITE-ONIY SESSION ...ttt b bt b e s b e ae bt b e et b e e e bt et e e st nnenis 376
Annex M (informative): IANA registration information for SDP attributes............ccccoevrivrvrienne. 378

ETSI



3GPP TS 26.114 version 16.11.0 Release 16 13 ETSI TS 126 114 V16.11.0 (2021-10)

1Y g oo [ 1 o o 378
1Y oo o = Y o2 1 1 S 378
M.3  30PP_MAXRECVSDIUSIZE. ..ottt bbb e et eb e b e e 378
M.4  3OPP_IMESI_ AP _BOBPL. .....ceeeeieeeieeeieei sttt et h bbb e b n e nenn e ne e 379
Y R o= o = 1] 7= o [ (S 380
G o oo S 380
Yo oo 1 S 381
AV T o SR 381
YR T o I = o = o SR 382
M.10 MAXIMUMEE2E-PLR ...ttt ettt et e e eeseebessente e e s e e sensenseseenenes 383
AV R oo 0 e 0 | SR 383
Annex N (informative): Computation of b=ASfor Video COUEC.........cccecerrrieriririnieneeeeeeeniee 385
AR R = 1= o RSSO 385
N B = 11 S 385
Annex O (informative): IANA registration information for RTP Header Extensions................... 386
(@ 2 R 1 0o [UTox i T SRS 386
0.2 UM:3gPP:VIAEO-OTTENTALON........eeueieeieeieeteei ettt e et b et be b e e e e e e e senseene e 386
(O RC IV gWCTo o RV Lo (S oo g 1= g1 = 4 Lo o C TH ST 386
(O A V15 o o B o = | SRS 387
O.5  Urn:3gPP:PredefiNEO-TOI-SEINL ... ..ottt s e sr e e e bt en e e nenne e 387
Annex P (informative): Video packet loss handling operation principlesand examples.............. 388
N €= 0 1= | S 388
(Y A To = o= 1 (o =0 Y= S 388
G B I 2 L= 1= S 1 1SS o 390
Annex Q (informative): Computation of bB=ASTor EVS.......ccoooei e 392
(O I 1= o 1= - | RO RSRRRRR 392
Q.2 Procedure for computing the DanAWIdth .............cooo i 392
Q.3 Computation of RTP Payload SIZE.........cc.coieiiiiiiiee ettt s ne e ne e 392
Q.4  Detalled COMPULBLION .......ocuieeiiteciesie ettt re et te s b e e ae s be s e e besae e s e steeasestesreeasessesreensenseens 393
Annex R (informative): IANA registration information for RTCP Feedback M essage Types.....396
R.1  Video Region-Of-INtEreSt (ROI) .....eciiiieeieiie ettt sttt sttt re e e ens 396
R.2 Delay Budget INfOrmation (DBI) ........coererieiieieeieisesie et 396
Annex S (normative): Multi-party Multimedia Conference Media Handling.........ccccocvcvvvreenne. 397
I R 70 RSP SSUSRPRN 397
I A [ L= o PSSR 397
S21 (@0 01V £ (0] 7= IRV (= o TSR 397
S22 Non-conversational (SCreenSAre) VIGO0 .......c.cccuvieiiiiiieriee et e e raesraenneas 397
RS TC T A o (1o SRS 397

ETSI



3GPP TS 26.114 version 16.11.0 Release 16 14 ETSI TS 126 114 V16.11.0 (2021-10)

S3.1 GENEIAl ...ttt et e et et e et eehe e bttt eateeheeabe e be e beeteaheeaheeaaeebeeteenteeateehaeaheesheeateereenreenns 397
S3.2 DI DUFTEN ...ttt bbb bbbt b e s b e bt b e bt b e ene 398
S RSP 398
S4.1 MSMTSI ClIENt INTEIMUINGL ......ecieeece et e e s e saeesaeesteeteeaeenseenseenaeeneesnaesnnas 398
SA4.2 IMSIMT ST IMRF ...ttt ettt sttt sttt se bt s be e et e s b e e e bt s be e et e e be e ek e st eneebesbe e et e sbeneesenbeneeneas 398
S5 MEDIACONTIGUIATON ...ttt sttt a bbb e s e e e e ae e st ebenb e enene e nenne e 399
S5.1 GENENAL ...ttt et e et e et e e st eehe bttt eateeheeabe e be e beateeheeaheeaheeteeteenteeateeaeesheesheeareereereanns 399
S5.2 IMMIN VIABO. ...ttt et e e st e s te et e et e e aeeebeeebe e beeabeeabesssesaeesaeesaeesbeenbeenteensesasesssesraesanas 400
S5.3 THUMBNAIT VIAEO ...ttt sttt et s ae e e be e be e be e s beeaeesaeesaeentesnsesnnesanesaeesseeseenteans 400
S54 SCIEENSNAIE VIABO. ... .ttt ettt ettt e et et e et e st e e teesbeesbeebesasesaeesaeabeenteenseeasesseestaesbeesbeenseenneanns 401
S55 y U o [ Lo TSROSO SROSTOSRO 401
S.5.6 2] O PSP SRPSRN 401
S5.7 Compact Concurrent Codec Negotiation and Capabiliti€S.........ccoecviceieeii e 401
Sb5.7.1 (CT= 0T - OSSPSR 401
S5.7.2 The Compact CCC SDP ALLIOULE ........ccuieeee et et ne e 401
S5.7.3 Using the Compact CCC SDP Attribute for CCC EXChaNQE.........cceevevieeiieeiesiesieesiesiessee e seesaeennesnens 402
S574 Using the Compact CCC SDP Attribute for Session INitialion............ccceveererienesee e e e esee e 403
S5.74.1 GENEIAL ...ttt ettt et e te e be e ee e e eheeehe e be e beeateehaeabeeaaeebeeteenneeaeeaaeeaaeenteereans 403
S5.74.2 SDP OFfEf RUIES. ..ottt ettt e st e s be et e e beeaaesbeesbeesteeteensesneesneesaeesseenteenrenns 403
S5.74.3 SDP ANSWEL RUIES.......cceiiieietiecte ettt ete s ee st ste et e e saeeete e e be e be e beesbesseesaeesaeesresaeesasesaeesseenseenrenns 403
SN I /1= o = R (=01 oo SO 403
S.6.1 I PP SPRPRSRPRN 403
S.6.2 RTCP . ettt ettt b e b e s e bt ek e s e e bt b e se e Rt e Reee e Rt R e ee e Rt e Eene R e A e e Rt e Ee e eReeRe et ebeebeneeneebeneeneas 404
S.6.3 RTP Stream SeleCtivVe FOrWardiNg .........ueiieiieie ettt e s ee s te e sae e saeesteeaeenteensessaesneessnenneas 404
S A = 1 o 1 405
S7.1 GENENAL ...ttt et e et e et e e st eehe bttt eateeheeabe e be e beateeheeaheeaheeteeteenteeateeaeesheesheeareereereanns 405
S7.2 Floor controlled MaIN VIAEO .........ocuiiuieiieiiece ettt sttt et et e e ae e eaeebeenbeenteeaneereesraesanas 405
S7.3 Floor controlled SCreenShar€ VIAEO...........oueiiuiiii ettt et et e re e eaaeeraeeraesaeas 405
S74 IMplicit fIOOr CONLIOI FOF LAIO........ceeuiiteieeiiite ettt et b e bbb e 406
S75 Floor control interworking with DTMF-capable MTSI ClIentS.........ccceiiireniinencsercese e 406
SR I 27 | (=Y X0 = o] - (o o PO 406
Annex T (informative): SDP examplesfor Multi-party Multimedia Conference Media

HaNAIING ..o 407
IS 7= o= - R 407
T.11 T (oo L8 o 1o o OSSR URSSRRRTO 407
T.1.2 QUALTLY OF SEIVICE EXBMPIES.......eitieieiitereeet et b bbbt bbb e bbb 407
T.2 MSMTSI video offer/answer EXaMPIES...........coiiiieiiiicee et eres 408
T.2.1 MSMTSI offer/answer towardS an MTSI CHIENE........c.ooviiiececee e 408
T.22 MSMTSI answer from an MSMTSI MRF .....coouiiiieieriese ettt st st st saeseenea 410
T.2.3 MSMTSI answer from an MSMTSI client in terminal............coveceeeiee i 413
T.24 MSMTSI simulcast offer using asingle payload tYPe.........c.ooeiiireiiire e 414
T.25 MSMTSI simulcast Offer USING tWO COUBES ........coviieiiiiiieierieriete ettt sttt s eb e 415
T.3 MSMTSI audio offer/answer EXaMPIES...........ccii et reereas 416
T.3.1 MSMTSI offer with multi-stream audio SUPPOIT...........coeiieerere et see s 416
T.3.2 MSMTSI answer with multi-stream audio SUPPOI ........ocviieeieeeeerie e ee e e e srae e e raesnees 417
a=fmtp: 105 mode-change-capability=2; MaXx-red=220...........c.ccesierrierrierreeieesieeseeseeseee s e sae e sreesreesseeseesseesseenseensenns 419
T.3.3 MSMTSI CCCEX SDP Offer/answer €XamMpPIe ........coviiieiieiiciece e ee st re e sree e nnees 420
T.3.3a MSMTSI offer/answer examples using the compact CCC SDP attribute...........cccccveeeeeeeneeceece e 424
T.3.4 SIP OPTIONS request for multi-stream audio SUPPOIT ........covveveeieriesee e seeste e eee e e e e e ee e snee e 428
Annex U (informative): IANA registration information for mediatypes........cccoovevevivveveiesnenen, 429
L 0 R 1 01 0o (U o (o) P OSR 429
(0T o o] o= (0] ool ot TSRS 429
Annex V (informative): Delay Adaptation and Example Usesof DBI Signaling.........c.ccoceeerveneee. 431

ETSI



3GPP TS 26.114 version 16.11.0 Release 16 15 ETSI TS 126 114 V16.11.0 (2021-10)

RV €= 0T - SRR 431
V.2 Example Signaling Flows on Delay Adaptation ...........cccceieeeeiiieciie st 431
V.3 SDP Exampleson DBI Signaling Capability ..........ccceoeeieriiineniseseeeeeee e 437
Annex W (Nor mative): Coverage and Handoff Enhancements using Multimedia Error
RODUSINESS (CHEM) ... 439
L AT R =0T - OSSR 439
W.2 Adaptation to Packet Losses without application layer redundancy ...........cccccevvvveeieieccenecceesie e, 440
W.3 Adaptation to Packet Losses using Application Layer RedundanCy ...........cocevereneneneeneiesieseneniee 440
W.4 Negotiation of End-to-End and Uplink/Downlink PLR ..........ccccoiiiieiinieereee e 441
LT T 0 PSS 441
W.A.2 OFfEITNG IMT S CHIENE ...ttt ettt st sttt es et et e eesee st e saees e e e eneeseeseesseeneeneeneeneenes 442
W.A.3 ANSWENTNG MT ST CHENL ..ottt b et b e et b e bbbt b et e bt e e b b e e en bt ens 443
Annex X (Informative): Example Maximum Packet L oss Rate (Max. PLR) Valuesfor Setting
CHEM Handover Thresholds..........coccverinenenenesenesesesee e 445
X.1 Maximum Packet Loss Rate (Max. PLR) for SPEECH ........covoiiiiiiieeeeeeee e 445
X.1.1 Max. PLR recommendation without Application Layer Redundancy..........cccccvevveieneeneesesceseseeseeseeens 445
X.1.2 Max. PLR recommendation with Application Layer Redundancy............cccccereerereenineeneneeesiesesie e 445
X.2 SDP Examples of the CHEM Feature (iNfOrMatiVE) ..........cecueiuieieiiiiese et sae s enes 446
D I €= 3 1= - | ST 446
X.2.2 Example of Adaptation to Packet Losses without Application Layer Redundancy ...........cccccceevveveereecinsensnennnns 446
X.2.3 Example of Adaptation to Packet Losses with Application Layer Redundancy...........cccccecvevenieeseenencesenseenenn 448
X.2.4 Example of Maximum End-to-End Packet LOSS RALE..........c.ccieiieiiiii ettt 449
Annex Y (informative): ChangE hiStOrY .....cuicuicieiecece e e e 452
L 1S 0] Y 459

ETSI



3GPP TS 26.114 version 16.11.0 Release 16 16 ETSI TS 126 114 V16.11.0 (2021-10)

Foreword

This Technical Specification has been produced by the 3" Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal
TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an
identifying change of release date and an increase in version number as follows:

Version x.y.z
where;
x thefirst digit:
1 presented to TSG for information;
2 presented to TSG for approval;
3 or greater indicates TSG approved document under change control.

y the second digit isincremented for all changes of substance, i.e. technical enhancements, corrections,
updates, etc.

z thethird digit isincremented when editorial only changes have been incorporated in the document.

Introduction

Multimedia Telephony Service for IMS (MTSI), here also referred to as Multimedia Telephony, is a standardized IMS
telephony service that builds on the IM S capabilities to establish multimedia communications between terminals within
and in-between operator networks. The terminals connect to the IMS using either a fixed access network or a 3GPP
access network.

The objective of defining aservice isto specify the minimum set of capabilities required in the IP Multimedia
Subsystem to secure multi-vendor and multi-operator inter-operability for Multimedia Telephony and related
Supplementary Services. The objective also includes defining procedures for inter-working between different clients
and networks.

The user experience of multimedia telephony is expected to be equivalent to or better than corresponding circuit-
switched telephony services. Multimedia telephony a so exploits the richer capabilities of IMS. In particular, multiple
media components can be used and dynamically added or dropped during a session.
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1 Scope

The present document specifies a client for the Multimedia Telephony Service for IMS (MTSI) supporting
conversational speech (including DTMF), video and text transported over RTP, and flexible data channel handling, with
the scope to deliver a user experience equivalent to or better than that of Circuit Switched (CS) conversational services
using the same amount of network resources. It defines media handling (e.g. signalling, transport, jitter buffer
management, packet-loss handling, adaptation), as well as interactivity (e.g. adding or dropping media during a call).
The focusisto ensure areliable and interoperable service with a predictable media quality, while allowing for
flexibility in the service offerings.

The present document describes two client types:

- AnMTSI client in terminal which uses a 3GPP access (NR, LTE, HSPA, or EGPRS) to connect to the IMS.
These clients are described in Clauses 5 — 17 and Annexes A — M.

- AnMTSI client in terminal which uses a fixed access (corded interface, fixed-wireless interface, e.g. Wi-Hi,
Bluetooth or DECT/NG DECT) to connect to the IMS. These clients are described in Clause 18.

MTSI clients using 3GPP access and M TSI clients using fixed access have many common procedures for the media
handling. This specification aligns the media handling by using cross references whenever possible. This does not mean
that 3GPP terminals must support fixed access, nor does it mean that fixed terminals must support 3GPP access.

The scope includes maintaining backward compatibility in order to ensure seamless inter-working with existing services
available in the CS domain, such as CS speech and video telephony, as well as with terminals of earlier 3GPP releases.
In addition, inter-working with other IMS and non-IMS I P networks as well as traditional PSTN is covered.

The client may also support the IMS Messaging service and Group 3 facsimile transmission. The scope therefore also
includes media handling for non-conversational media using MSRP and UDPT L -based Facsimile over |P (FolP).

The specification is written in a forward-compatible way in order to allow additions of media components and
functionality in releases after Release 7.

NOTE 1: MTSI clients can support more than conversational speech, video and text, which is the scope of the
present document. See 3GPP TS 22.173 [2] for the definition of the Multimedia Telephony Service for
IMS.

NOTE 2: 3GPP TS 26.235[3] and 3GPP TS 26.236 [4] do not include the specification of an MTSI client, although
they include conversational multimedia applications. Only those parts of 3GPP TS 26.235 [3] and
3GPP TS 26.236 [4] that are specifically referenced by the present document apply to Multimedia
Telephony Service for IMS.

NOTE 3: The present document was started as a conclusion from the study in 3GPP TR 26.914 [5] on optimization
opportunitiesin Multimedia Telephony for IMS (3GPP TR 22.973 [6]).

NOTE 4: For ECN, the present specification assumes that an interface enables the MTSI client to read and write the
ECN field. Thisinterface is outside the scope of this specification.

2 References

The following documents contain provisions which, through reference in thistext, constitute provisions of the present
document.

- References are either specific (identified by date of publication, edition number, version number, etc.) or
non-specific.

- For aspecific reference, subsequent revisions do not apply.

- For anon-specific reference, the latest version applies. In the case of areference to a 3GPP document (including
aGSM document), a non-specific reference implicitly refersto the latest version of that document in the same
Release as the present document.

[1] 3GPP TR 21.905: "Vocabulary for 3GPP Specifications'.
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3 Definitions and abbreviations
3.1 Definitions

For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [1] and the following

apply:
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NOTE: A term defined in the present document takes precedence over the definition of the same term, if any, in
3GPP TR 21.905 [1].

example: text used to clarify abstract rules by applying them literally.

AMR, AMR-NB: Both names refer to the AMR codec (3GPP TS 26.071 [11]) and are used interchangeably in this
specification.

CHEM: The Coverage and Handoff Enhancements using Multimedia error robustness feature.

Codec mode: Used for the AMR and AMR-WB codecs to identify one specific bitrate. For example AMR includes 8
codec modes (excluding SID), each of different bitrate.

Constrained terminal: UE that is (i) operating in radio access capability category series"M" capable of supporting
conversational services, and/or (ii) awearable device which is constrained in size, weight or power consumption (e.g.
connected watches), excluding smartphones and feature phones.

DCMTSI client: A data channel capable MTSI client supporting data channel media as defined in clause 6.2.10.

DCMTSI client in terminal: A DCMTSI client that isimplemented in aterminal or UE. Theterm "DCMTSI client in
terminal” is used in this document when entities such as MRFP, MRFC or media gateways are excluded.

Dual-mono: A variant of 2-channel stereo encoding where two instances of a mono codec are used to encode a 2-
channel stereo signal.

Evolved UTRAN: Evolved UTRAN is an evolution of the 3G UMTS radio-access network towards a high-data-rate,
low-latency and packet-optimized radio-access network.

EVS codec: The EV'S codec includes two operational modes. EV S Primary operational mode (‘EV S Primary mode’)
and EVS AMR-WB Inter-Operable (‘EVS AMR-WB 10 mode’). When using EVS AMR-WB 10 mode the speech
frames are bitstream interoperable with the AMR-WB codec [18]. Frames generated by an EVS AMR-WB 10 mode
encoder can be decoded by an AMR-WB decoder, without the need for transcoding. Likewise, frames generated by an
AMR-WB encoder can be decoded by an EVS AMR-WB |O mode decoder, without the need for transcoding.

EVS Primary mode: Includes 11 bit-rates for fixed-rate or multi-rate operation; 1 average bit-rate for variable bit-rate
operation; and 1 bit-rate for SID (3GPP TS 26.441 [121]). The EV S Primary can encode narrowband, wideband, super-
wideband and fullband signals. None of these bit-rates are interoperable with the AMR-WB codec.

EVSAMR-WB IO mode: Includes 9 codec modes and SID. All are bitstream interoperable with the AMR-WB codec
(3GPP TS 26.171[17]).

Frame Loss Rate (FLR): The percentage of speech frames not delivered to the decoder. FLR includes speech frames
that are not received in time to be used for decoding.

Mode-set: Used for the AMR and AMR-WB codecs to identify the codec modes that can be used in a session. A mode-
set can include one or more codec modes.

MSMTSI client: A multi-stream capable MTSI client supporting multiple streams as defined in Annex S. An MTSI
client may support multiple streams, even of the same media type, without being an MSMTSI client. Such an MTSI
client may, for example, add a second video to an ongoing video telephony session as shown in Annex A.11. In that
case, the MTSI clientisan MSMTSI client only if it isfully compliant with Annex S.

MSMTSI MRF: An MSMTSI client implemented by functionality included in the MRFC and the MRFP.

MSMTSI client in terminal: An MSMTSI client that isimplemented in aterminal or UE. Theterm "MSMTSI client
intermina” is used in this document when entities such as MRFP, MRFC or media gateways are excluded.

MTSI client: A function in aterminal or in a network entity (e.g. aMRFP) that supports MTSI.

MTSI client in terminal: An MTSI client that isimplemented in aterminal or UE. Theterm "MTSI client in terminal"
is used in this document when entities such as MRFP, MRFC or media gateways are excluded.

MTSI media gateway (or MTSI MGW): A media gateway that provides interworking between an MTSI client and a

non MTSI client, eg. aCS UE. Theterm MTSI media gateway is used in abroad sense, asit is outside the scope of the
current specification to make the distinction whether certain functionality should be implemented in the MGW or in the
MGCF.
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Operational mode: Used for the EV'S codec to distinguish between EV' S Primary mode and EVS AMR-WB 10 mode.

Simulcast: Simultaneously sending different encoded representations (simulcast formats) of a single media source (e.g.
originating from a single microphone or camera) in different simulcast streams.

Simulcast format: The encoded format used by a single simulcast stream, typically represented by an SDP format and
all SDP attributes that apply to that particular SDP format, indicated in RTP by the RTP header payload type field.

Simulcast stream: The RTP stream carrying a single simulcast format in a simulcast.

3.2 Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply:

NOTE: An abbreviation defined in the present document takes precedence over the definition of the same
abbreviation, if any, in 3GPP TR 21.905 [1].

5GC 5G Core Network

AC Alternating Current

AL-SDU Application Layer - Service Data Unit
AMR Adaptive M ulti-Rate

AMR-NB Adaptive Multi-Rate - NarrowBand
AMR-WB Adaptive Multi-Rate - WideBand
AMR-WB IO  Adaptive Multi-Rate - WideBand Inter-operable Mode, included in the EV S codec
ANBR Access Network Bitrate Recommendation
ANBRQ Access Network Bitrate Recommendation Query
APP APPlication-defined RTCP packet
ARQ Automatic repeat ReQuest

AS Application Server

ATCF Access Transfer Control Function
ATGW Access Transfer GateWay

AVC Advanced Video Coding

BFCP Binary Floor Control Protocol

CCM Codec Control Messages

CDF Cumulative Distribution Function
cDRX Connected Mode DRX

CHEM Coverage and Handoff Enhancements using Multimedia error robustness feature
CMR Codec Mode Request

cps characters per second

CSs Circuit Switched

CSCF Call Session Control Function

CT™M Cdlular Text telephone Modem

CVO Coordination of Video Orientation
DBI Delay Budget Information

DRB Data Radio Bearer

DRX Discontinuous Reception

DTLS Datagram Transport Layer Security
DTMF Dual Tone Multi-Frequency

DTX Discontinuous Transmission

ECN Explicit Congestion Notification
ECN-CE ECN Congestion Experienced

ECT ECN Capable Transport

eNodeB E-UTRAN Node B

E-UTRAN Evolved UTRAN

EVS Enhanced Voice Services

FECC Far End Camera Control

FIR Full Intra Request

FLR Frame Loss Rate

FolP Facsimile over IP

GIP Generic | P access

GOB Group Of Blocks

H-ARQ Hybrid - ARQ
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HEVC High Efficiency Video Coding

HSPA High Speed Packet Access

ICM Initial Codec Mode

IDR I nstantaneous Decoding Refresh

IFP Internet Facsimile Protocol

IFT Internet Facsimile Transfer

IMS IP Multimedia Subsystem

IP Internet Protocol

IPv4 Internet Protocol version 4

IRAP Intra Random Access Point

ITU-T International Telecommunications Union - Telecommunications
JBM Jitter Buffer Management

MGCF Media Gateway Control Function
MGW Media GateWay

MIME Multipurpose Internet Mail Extensions
MO Management Object

MPEG Moving Picture Experts Group

MRFC Media Resource Function Controller
MRFP Media Resource Function Processor
MSMTSI Multi-Stream Multimedia Telephony Service for IMS
MSRP Message Session Relay Protocol

MTSI Multimedia Telephony Service for IMS
MTU Maximum Transfer Unit

NACK Negative ACK nowledgment

NNI Network-to-Network Interface

NTP Network Time Protocol

PCM Pulse Code Modulation

PDCP Packet Data Convergence Protocol
PDP Packet Data Protocol

PLI Picture Loss Indication

PLR Packet Loss Ratio

POI Point Of Interconnect

PSTN Public Switched Telephone Network
PTZF Pan, Tilt, Zoom and Focus

QCl QoS Class Identifier

QMC QOoE Measurement Collection

QoE Quality of Experience

QoS Quality of Service

QP Quantization Parameter

RoHC Robust HeaderCompression

ROI Region of Interest

RR Receiver Report

RTCP RTP Control Protocol

RTP Real-time Transport Protocol
SB-ADPCM Sub-Band Adaptive Differential PCM
SC-VBR Source Controlled VBR

SCTP Stream Control Transmission Protocol
SDAP Service Data Adaptation Protocol

SDP Session Description Protocol
SDPCapNeg SDP Capability Negotiation

SID Sllence Descriptor

SIP Session Initiation Protocol

SR Sender Report

SRVCC Single Radio Voice Call Continuity
TFO Tandem-Free Operation

TISPAN Telecoms and Internet converged Services and Protocols for Advanced Network
TMMBN Temporary Maximum Media Bit-rate Notification
TMMBR Temporary Maximum Media Bit-rate Request
TrFO Transcoder-Free Operation

uUbDP User Datagram Protocol

UDPTL Facsimile UDP Transport Layer (protocol)
UE User Equipment
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VolP Voice over |P

VOP Video Object Plane

WebRTC Web Real-Time Communication
4 System description
4.1 System

A Multimedia Telephony Service for IMS call usesthe Call Session Control Function (CSCF) mechanisms to route
control-plane signalling between the UEs involved in the call (seefigure 4.1). In the control plane, Application Servers
(AS) should be present and may provide supplementary services such as call hold/resume, call forwarding and
multi-party calls, etc.

The scope of the present document is to specify the media path. In the examplein figure 4.1, it is routed directly
between the PS Domains outside the IMS.

Operator A Operator B

| | |
= — -
yod

L—
Media
7 Path / /
\ PSDomain / | [\ PSDomain |
| / \ 171
| Radio Access Netfork | | Radio Access Network |
/ Nl
/ \ //
L% AcCalls B |
A R = B
& A

Figure 4.1: High-level architecture figure showing two MTSI clients in terminals using 3GPP access
involved in an MTSI call set-up. The terminals connect to the IMS network over a 3GPP radio access
network.

The call setup for an MTSI client in terminal using fixed access is the same as shown in Figure 4.1 for 3GPP terminals
except that a fixed accessis used instead of the 3GPP access and that the PS Domain is not necessarily used.

4.2 Client

The functional components of aterminal including an MTSI client in terminal using 3GPP access are shown in figure
4.2. An MTSI client in terminal using fixed access can have the same functional components except that it does not
have any 3GPP Layer 2 protocol.
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Figure 4.2: Functional components of a terminal including an MTSI client in terminal using 3GPP
access

The scope of the present document is to specify media handling and interaction, which includes media control, media
codecs, as well as transport of media and control data. General control-related elements of an MTSI client, such as SIP
signalling (3GPP TS 24.229 [7]), fall outside this scope, albeit parts of the session setup handling and session control
for conversational media are defined here:

- usage of SDP (RFC 4566 [8]) and SDP capability negotiation (RFC 5939 [69]) in SIP invitations for capability
negotiation and media stream setup.

- set-up and control of theindividual media streams between clients. It aso includes interactivity, such as adding
and dropping of media components.

Transport of media consists of the encapsulation of the coded mediain atransport protocol as well as handling of coded
media received from the network. Thisis shown in figure 4.2 as the " packet based network interface" and is displayed,
for conversational media, in more detail in the user-plane protocol stack in figure 4.3. The basic MTSI client defined
here specifies media codecs for speech, video and text (see clause 5). Data channels do not require use of any codec but
alowsfor real-time interaction in parallel to the conversational media (see clause 6.2.10). The User interface in Figure
4.2 interacts with a web page and arelated script received through a downlink data channel to handle the data channel
I/0 and data formetting. All conversational media components are transported over RTP with each respective payload
format mapped onto the RTP (RFC 3550 [9]) streams. The data channels are using SCTP (RFC 4960 [173]) over DTLS
(IETF RFC 8261 [174]), used as specified for WebRTC data channels (RFC 8831 [175]).
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Figure 4.3: User plane protocol stack for a basic MTSI client

AnMTSI client may also support non-conversational media, for example IMS messaging. The functional entities and
the protocols used for IMS messaging are described in 3GPP TS 24.247 [82].

The 3GPP Layer 2 protocol to be interfaced with MTSI client is PDCP [170] for EPC. For 5GC, another user-plane
protocol, SDAP [171], is used on top of PDCP as shown in clause 4.4.1 of [164]. It is assumed that the SDAP would be
configured without header for both directionsin the typical MTSI cases, effectively interfacing with PDCP, as SDAP
header would be needed only when more than one QoS flows are multiplexed in aDRB or reflective mapping is
enabled.

4.3 MRFP and MGW

A Media Resource Function Processor (MRFP), see 3GPP TS.23.002 [47], may be inserted in the media path for certain
supplementary services (e.g. conference) and/or to provide transcoding and may therefore act asaMTSI client together
with other network functions, such asa MRFC.

A Media Gateway (MGW), see 3GPP TS 23.002 [47], may be used to provide inter-working between different
networks and services. For example, aM TSI MGW may provide inter-working between MTSI and 3G-324M services.
The MTSI MGW may have more limited functionality than other MTSI clients, e.g. when it comes to the supported
bitrates of media. The inter-working aspects are described in more detail in clause 12.

5 Media codecs

5.1 Media components

The Multimedia Telephony Service for IMS supports simultaneous transfer of multiple media components with real -
time characteristics. Media components denote the actual components that the end-user experiences.

The following media components are considered as core components. M ultiple media components (including media
components of the same mediatype) may be present in a session. At least one of the first three of these componentsis
present in all conversational multimedia telephony sessions.

- Speech: The sound that is picked up by a microphone and transferred from terminal A to terminal B and played
out in an earphone/loudspeaker. Speech includes detection, transport and generation of DTMF events.

- Video: The moving imagethat is, for example, captured by a camera of terminal A, transmitted to terminal B
and, for example, rendered on the display of terminal B.
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- Text: The characters typed on a keyboard or drawn on a screen on terminal A and rendered in real time on the
display of terminal B. The flow istime-sampled so that no specific action is needed from the user to request
transmission.

- Data: Any other datafor real-time interaction, closely related to the multimedia telephony session that may be
generated or consumed by either one of terminal A or terminal B, possibly viaterminal external connections
and/or physical connectors, optionally processed by application-specific logic at one or both terminals, and
optionally presented on and controlled by the user interface at one or both terminals.

The first three of the above core media components are transported in real time from one M TSI client to the other using
RTP (IETF RFC 3550 [9]). The "data’ media component for real-time interaction is transported using SCTP (IETF
RFC 4960 [173]) over DTLS (IETF RFC 8261 [174]), as described by WebRTC data channels [175]. All media
components can be added or dropped during an ongoing session as required either by the end-user or by controlling
nodesin the network, assuming that when adding components, the capabilities of the MTSI client support the additional
component.

NOTE: Theterms voice and speech are synonyms. The present document uses the term speech. The mediatypeis
called "audio" in SDP and therefore also the term "audio” is used as synonym.

MTSI specifications also support other media types than the core components described above, for example facsimile
(fax) transmission.

Facsimile transmission is described in Annex L.

5.2 Codecs for MTSI clients in terminals

5.2.1 Speech

5.21.1 General codec requirements

MTSI clientsin terminals offering speech communication shall support narrowband, wideband and super-wideband
communication. The only exception to this requirement is for the MTSI client in constrained terminal offering speech
communication, in which case the MTSI client in constrained terminal shall support narrowband and wideband, and
should support super-wideband communication.

In addition, MTSI clientsin terminals offering speech communication shall support:

- .AMR speech codec (3GPP TS 26.071 [11], 3GPP TS 26.090 [12], 3GPP TS 26.073 [13] and
3GPP TS 26.104 [14]) including al 8 modes and source controlled rate operation 3GPP TS 26.093 [15]. The
MTSI client in terminal shall be capable of operating with any subset of these 8 codec modes. More detailed
codec requirements for the AMR codec are defined in clause 5.2.1.2.

MTSI clientsin terminals offering wideband speech communication at 16 kHz sampling frequency shall support:

- AMR-WB codec (3GPP TS 26.171[17], 3GPP TS 26.190 [18], 3GPP TS 26.173 [19] and 3GPP TS 26.204 [20])
including al 9 modes and source controlled rate operation 3GPP TS 26.193 [21]. The M TSI client in terminal
shall be capable of operating with any subset of these 9 codec modes. More detailed codec requirements for the
AMR-WB codec are defined in clause 5.2.1.3. When the EV S codec is supported, the EVS AMR-WB 10 mode
may serve as an aternative implementation of AMR-WB as defined in clause 5.2.1.4.

MTSI clientsin terminals offering super-wideband or fullband speech communication shall support:

- EVScodec ( TS 26.441 [121], TS 26.444 [124], TS 26.445 [125], TS 26.447 [127], TS 26.451 [131],
TS 26.442 [122], TS 26.452 [165] and TS 26.443 [123]) as described below including functions for backwards
compatibility with AMR-WB ( TS 26.446 [126]) and discontinuous transmission ( TS 26.449 [129] and
TS 26.450[130]). More detailed codec requirements for the EV S codec are defined in clause 5.2.1.4.

Encoding of DTMF isdescribed in Annex G.
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5.2.1.2 Detailed codec requirements, AMR

When transmitting, the MTSI client in terminal shall be capable of aligning codec mode changes to every frame border,
and shall also be capable of restricting codec mode changes to be aligned to every other frame border, e.g. like

UMTS AMR_2 (3GPP TS 26.103 [16]). The MTSI client in terminal shall also be capable of restricting codec mode
changes to neighbouring codec modes within the negotiated codec mode set. When receiving, the MTSI client in
terminal shall allow codec mode changes at any frame border and to any codec mode within the negotiated codec mode
Set.

The codec modes and the other codec parameters (mode-change-capability, mode-change-period, mode-change-
neighbor, etc), applicable for each session, are negotiated as described in clauses 6.2.2.2 and 6.2.2.3.

5.2.1.3 Detailed codec requirements, AMR-WB

When transmitting, the MTSI client in terminal shall be capable of aligning codec mode changes to every frame border,
and shall also be capable of restricting codec mode changes to be aligned to every other frame border, e.g. like

UMTS AMR_WB (3GPP TS 26.103[16]). The MTSI client in terminal shall also be capable of restricting codec mode
changes to neighbouring codec modes within the negotiated codec mode set. When receiving, the MTSI client in
terminal shall allow codec mode changes at any frame border and to any codec mode within the negotiated codec mode
Set.

The codec modes and the other codec parameters (mode-change-capability, mode-change-period, mode-change-
neighbor, etc), applicable for each session, are negotiated as described in clauses 6.2.2.2 and 6.2.2.3.

5.2.1.4 Detailed codec requirements, EVS

When the EV S codec is supported, the MTSI client in terminal may support dual-mono encoding and decoding.

When the EV S codec is supported, EVS AMR-WB |0 may serve as an aternative implementation of the AMR-WB
codec, [125]. In this case, the requirements and recommendations defined in this specification for the AMR-WB codec
also apply to EVS AMR-WB |O.

NOTE: TheDTX operation of EVS Primary and AMR-WB 10 can be configured in sending direction with either
afixed SID update interval (from 3 to 100 frames) or an adaptive SID update interval - more details can
be found in clauses 4.4.3 and 5.6.1.1 of TS 26.445 [125]. Implementers of MTSI clients are advised to
take into account this SID flexibility of EVS.

5.2.1.5 Offering multiple audio bandwidths and multiple channels

MTSI clientsin terminals offering wideband speech communication shall aso offer narrowband speech
communications.

When offering super-wideband speech, both wideband speech and narrowband speech shall also be offered. When
offering fullband speech, super-wideband speech, wideband speech and narrowband speech shall also be offered.

MTSI clientsin terminals offering dual-mono, shall aso offer mono.

5.2.1.6 Codec preference order

When offering both wideband speech and narrowband speech communication, payload types offering wideband shall be
listed before payload types offering only narrowband speech in the ‘m=" line of the SDP offer (RFC 4566 [8]).

When offering super-wideband speech, wideband and narrowband speech communication, payload types offering
super-wideband shall be listed before payload types offering lower bandwidths than super-wideband speech in the ‘ m=’
line of the SDP offer (RFC 4566 [8]).

For an MTSI client in terminal supporting EV S the following rules apply when creating the list of payload types on the
m= line:

- Whenthe EVS codec is offered for NB by an MTSI client in terminal supporting NB only, it shall be listed
before other NB codecs.
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- Whenthe EVS codec is offered for up to WB, it shall be listed before other WB codecs.

When dual-mono is offered then this may be preferable over mono depending on the call scenario.

522 Video

MTSI clientsin terminals offering video communication shall support:
- H.264 (AVC) [24] Constrained Baseline Profile (CBP) Level 1.2;

- H.265 (HEVC) [119] Main Profile, Main Tier, Level 3.1. The only exception to this requirement is for the MTSI
client in constrained terminal offering video communication, in which case the MTSI client in constrained
terminal should support H.265 (HEVC) Main Profile, Main Tier, Level 3.1.

In addition they should support:- H.264 (AVC) [24] Constrained High Profile (CHP) Level 3.1.

For backwards compatibility to previous releases, if H.264 (AV C) [24] Constrained High Profile Level 3.1 is supported,
then H.264 (AVC) [24] Constrained Baseline Profile (CBP) Level 3.1 should also be offered.

H.264 (AVC) shall be used without requirements on output timing conformance (annex C of [24]). Each sequence
parameter set of H.264 (AVC) shall contain the vui_parameters syntax structure including the num_reorder_frames
syntax element set equal to O.

H.265 (HEVC) Main Profile shall be used with general_progressive_source _flag equal to 1,

general_interlaced _source flag equal to 0, general_non_packed constraint_flag equal to 1,
genera_frame_only_constraint_flag equal to 1, and sps_max_num_reorder_picq i | equal to O for al i in the range of 0
to sps_max_sub_layers minusl, inclusive, without requirements on output timing conformance (annex C of [119]).

For both H.264 (AVC) and H.265 (HEV C), the decoder needs to know the Sequence Parameter Set (SPS) and the
Picture Parameter Set (PPS) to be able to decode the received video packets. A compliant H.265 (HEV C) bitstream
must include a Video Parameter Set (VPS), athough the VPS may be ignored by the decoder in the context of the
present specification. When H.264 (AVC) or H.265 (HEVC) isused it is recommended to transmit the parameter sets
within the SDP description of a stream, using the relevant MIME/SDP parameters as defined in RFC6184 [25] for
H.264 (AVC) and in [120] for H.265 (HEVC), respectively. Each media source (SSRC) shall transmit the currently
used parameter sets at least once in the beginning of the RTP stream before being referenced by the encoded video data
to ensure that the parameter sets are available when needed by the receiver. If the video encoding is changed during an
ongoing session such that the previously used parameter set(s) are no longer sufficient then the new parameter sets shall
be transmitted at least once in the RTP stream prior to being referenced by the encoded video data to ensure that the
parameter sets are available when needed by the receiver. When a specific version of a parameter set is sent in the RTP
stream for the first time, it should be repeated at least 3 timesin separate RTP packets with a single copy per RTP
packet and with an interval not exceeding 0.5 seconds to reduce the impact of packet loss. A single copy of the currently
active parameter sets shall also be part of the data sent in the RTP stream as aresponse to FIR. Moreover, it is
recommended to avoid using a sequence or picture parameter set identifier value during the same session to signal two
or more parameter sets of the same type having different values, such that if a parameter set identifier for a certain type
is used more than once in either SDP description or RTP stream, or both, the identifier always indicates the same set of
parameter values of that type.

The video decoder in amultimediaMTSI client in terminal shall either start decoding immediately when it receives
data, even if the stream does not start with an IDR/IRAP access unit (IDR access unit for H.264, IRAP access unit for
H.265) or alternatively no later than it receives the next IDR/IRAP access unit or the next recovery point SEI message,
whichever is earlier in decoding order. The decoding process for a stream not starting with an IDR/IRAP access unit
shall be the same asfor avalid video bit stream. However, the MTSI client in terminal shall be aware that such a stream
may contain references to pictures not available in the decoded picture buffer. The display behaviour of the MTSI client
interminal is out of scope of the present document.

AnMTS client in terminal offering H.264 (AVC) CBP support at alevel higher than Level 1.2 shall support
negotiation to use alower Level asdescribed in [25] and [58].

AnMTSI client interminal offering H.264 (AV C) CHP support at alevel higher than Level 3.1 shall support
negotiation to use alower Level asdescribed in [25] and [58].

AnMTS client in terminal offering video support shall include in the SDP offer H.264 CBP at Level 1.2 or higher.
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AnMTS client in terminal offering video support for H.265 (HEVC) [119] Main Profile, Main Tier, Level 3.1, should
normally set it to be preferred.

AnMTSI client in terminal offering H.265 (HEV C) shall support negotiation to use alower Level than the onein the
offer, as described in [120] and [58].

If a codec is supported at a certain level, then al (hierarchically) lower levels shall be supported as well.
NOTE 1: Anexample of alower level than Level 1.2 isLevel 1 for H.264 (AVC) Constrained Baseline Profile.
NOTE 2: All levels are minimum requirements. Higher levels may be supported and used for negotiation.

NOTE 3: MTSI clientsin terminals may use full-frame freeze and full-frame freeze release SEI messages of H.264
(AVC) to control the display process. For H.265 (HEVC), MTSI clients may set the value of
pic_output_flag in the dice segment headers to either 0 or 1 to control the display process.

NOTE 4: AnH.264 (AVC) encoder should code redundant slices only if it knows that the far-end decoder makes
use of thisfeature (which is signalled with the redundant-pic-cap MIME/SDP parameter as specified in
RFC 6184 [25]). H.264 (AVC) encoders should also pay attention to the potential implications on
end-to-end delay. The redundant slice header is not supported in H.265 (HEV C).

NOTE 5: If acodec issupported at a certain level, it implies that on the receiving side, the decoder is required to
support the decoding of bitstreams up to the maximum capability of thislevel. On the sending side, the
support of a particular level does not imply that the encoder will produce a bitstream up to the maximum
capability of the level. This method can be used to set up an asymmetric video stream. For H.264 (AVC),
another method is to use the SDP parameters ‘level-asymmetry-allowed’ and ‘ max-recv-level’ that are
defined in the H.264 payload format specification, [25]. For H.265 (HEVC) it is possible to use the SDP
parameter ‘max-recv-level-id’ defined in the H.265 payload format specification, [120], to indicate a
higher level in the receiving direction than in the sending direction. See also clause 6.2.3.2, Annex A.4.5
for SDP examples with asymmetric video using H.264 (AV C) and Annex A.4.8 for SDP examples with
asymmetric video using both H.264 (AVC) and H.265 (HEV C). Other methods for asymmetric video
transmission are also possible.

NOTE 6: If videoisusedin asession, an MTSI client in terminal should offer at least one video stream with a
picture aspect ratio in the range from 0.7 to 1.4. For all offered video streams, the width and height of the
picture should be integer multiples of 16 pixels. For example, 224x176, 272x224, and 320x240 are image
sizes that satisfy these conditions.

NOTE 7: For H.264 (AVC) and H.265 (HEV C), respectively, multiple sequence and picture parameter sets can be
defined, aslong asthey have unique parameter set identifiers, but only one sequence and picture
parameter set can be active between two consecutive IDRs and IRAPS, respectively.

NOTE 8: For H.264 (AVC), Constrained High Profile (CHP) Level 3.1 is not required to be supported asit isless
bit rate efficient than H.265 (HEVC) Main Profile, Main Tier, Level 3.1. However, it is recommended
for interoperability.

5.2.3 Real-time text
MTSI clientsin terminals offering real time text conversation shall support:
- ITU-T Recommendation T.140 [26] and [27].

T.140 specifies coding and presentation features of real-time text usage. Text characters are coded according to the
UTF-8 transform of 1SO 10646-1 (Unicode).

A minimal subset of the Unicode character set, corresponding to the Latin-1 part shall be supported, while the
languages in the regions where the MTSI client in terminal isintended to be used should be supported.

Presentation control functions from I SO 6429 are allowed in the T.140 media stream. A mechanism for extending
control functionsisincluded in ITU-T Recommendation T.140 [26] and [27]. Any received non-implemented control
code must not influence presentation.

A MTSI client in terminal shall store the conversation in a presentation buffer during a call for possible scrolling,
saving, display re-arranging, erasure, etc. At least 800 characters shall be kept in the presentation buffer during a call.
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Note that erasure (backspace) of charactersisincluded in the T.140 editing control functions. It shall be possible to
erase all charactersin the presentation buffer. The display of the charactersin the buffer shall also be impacted by the
erasure.

6 Media configuration

6.1 General

MTSI uses SIP, SDP and SDPCapNeg for media negotiation and configuration. General SIP signalling and session
setup for IMS are defined in 3GPP TS 24.229 [7], whereas this clause specifies SDP and SDPCapNeg usage and media
handling specifically for MTSI, including offer/answer considerations in the capability negotiation. The MTSI client in
the terminal may use the OMA-DM solution specified in Clause 15 for enhancing SDP negotiation and resource
reservation process.

The support for ECN [83] in E-UTRAN is specified in [85]. The support for ECN in UTRA/HSPA is specified in [89].
The support of ECN in NR is specified in [164]. MTSI may use Explicit Congestion Notification (ECN) to perform rate
adaptation for speech and video. When the MTSI client in terminal supports, and the session allows, adapting the media
encoding at multiple bit rates and the radio access bearer technology is known to the MTSI client to be E-UTRAN or
UTRA/HSPA, the MTSI client may negotiate the use of ECN [83] to perform ECN triggered media bit-rate adaptation.
AnMTSI MGW supporting ECN supports ECN in the same way asthe MTSI client in terminal as described in clauses
12.3.3and 12.7.3.

The support of ECN is optional for both MTSI client in terminal and MTSI MGW.

It is assumed that the network properly handles ECN-marked packets as described in [84] end-to-end between the MTSI
clientsin terminals.

AnMTSI MGW can be used for inter-working with:
- aclient that does not use ECN;
- aclient that supports ECN in different way than what is specified for MTSI clients;
- aCSnetwork;
- anetwork which does not handle ECN-marked packets properly.

In such cases, the ECN protocol, as specified for MTSI clients, isterminated in the MTSI MGW.

6.2 Session setup procedures

6.2.1 General

The session setup for RTP transported media shall determine for each media: 1P address(es), RTP profile, UDP port
number(s); codec(s); RTP Payload Type number(s), RTP Payload Format(s). The session setup may a so determine:
ECN usage and any additional session parameters.

The session setup for UDP transported media without RTP shall determine: |P address(es), UDP port number(s) and
additional session parameters.

The session setup for data channel (SCTP over DTLS over UDP transported) media shall determine for each media: IP
address(es), UDP port number(s), SCTP port number(s), DTLS server/client role(s), DTLSID(s), DTLS certificate
fingerprint(s), and may determine additional session parameters.

The session setup for RTP and data channel transported media shall, when the port number is not set to zero, determine
the maximum bandwidth that is allowed in the session, see aso clause 6.2.5. The maximum bandwidth for the receiving
direction is specified with the "b=AS" bandwidth modifier. Additional requirements and/or recommendations on the
bandwidth negotiation are found in clause 6.2.2.1 for speech, in clause 6.2.3.2 for video, and in clause 6.2.10 for data
channel.
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An MTSI client shall offer at least one RTP profile for each RTP media stream. Multiple RTP profiles may be offered
using SDPCapNeg as described in Clause 6.2.1a. For voice and real-time text, the first SDP offer shall include at least
the AVP profile. For video, the first SDP offer for amediatype shall include at least the AVPF profile. Subsequent SDP
offers may include only other RTP profilesif it is known from a preceding offer that this RTP profile is supported by
the answerer. The MTSI client shall be capable of receiving an SDP offer containing both AVP and AV PF offersin
order to support interworking.

The configuration of ECN for media transported with RTP is described in clause 6.2.2 for speech and in clause 6.2.3.2
for video. The negotiation of ECN at session setup is described in [84]. The adaptation response to congestion eventsis
described in clause 10.

6.2.1a RTP profile negotiation

6.2.1a.1 General

MTSI clients should support SDPCapNeg to be able to negotiate RTP profiles for all media types where AVPF is
supported. MTSI clients supporting SDPCapNeg shall support the complete SDPCapNeg framework.

SDPCapNeg is described in [69]. This clause only describes the SDPCapNeg attributes that are directly applicable for
the RTP profile negotiation, i.e. the tcap, pcfg and acfg attributes. TS 24.229 [7] may outline further requirements
needed for supporting SDPCapNeg in SDP messages.

NOTE: This clause describes only how to use the SDPCapNeg framework for RTP profile negotiation using the
tcap, pcfg and acfg attributes. | mplementers may therefore (incorrectly) assume that it is sufficient to
implement only those specific parts of the framework that are needed for RTP profile negotiation. Doing
so would however not be future proof since future versions may use other parts of the framework and
there are currently no mechanisms for declaring that only a subset of the framework is supported. Hence,
MTSI clients are required to support the complete framework.

6.2.1a.2 Using SDPCapNeg in SDP offer

For voice and real-time text, SDPCapNeg shall be used when offering AV PF the first time for a new mediatype in the
session since the support for AVPF in the answering client is not known at this stage. For video, an MTSI client shall
either offer AVPF and AV P together using SDPCapNeg, or the MTSI client shall offer only AV PF without using
SDPCapNeg. If an MTSI client has offered only AV PF for video, and then receives as response either an SDP answer
where the video media component has been rejected, or an SIP 488 or 606 failure response with an SDP body indicating
that only AV P is supported for video media, the MTSI client should send a new SDP offer with AV P as transport for
video. Subsequent SDP offers, in are-INVITE or UPDATE, may offer AVPF without SDPCapNeg if it is known from
an earlier re-INVITE or UPDATE that the answering client supports this RTP profile. If the offer includes only AVP
then SDPCapNeg does not need to be used, which can occur for: text; speech if RTCP isnot used; and in re-INVITES or
UPDATEs where the RTP profile has already been negotiated for the session in a preceding INVITE or UPDATE.

When offering AVP and AV PF using SDPCapNeg, the MTSI client shall offer AVP on the media (m=) line and shall
offer AVPF using SDPCapNeg mechanisms. The SDPCapNeg mechanisms are used as follows:

- The support for AVPF isindicated in an attribute (a=) line using the transport capability attribute ‘tcap’. AVPF
shall be preferred over AVP.

- At least one configuration using AV PF shall be listed using the attribute for potential configurations ‘pcfg'.

6.2.1a.3 Answering to an SDP offer using SDPCapNeg

Aninvited MTSI client should accept using AV PF whenever supported. If AVPF isto be used in the session then the
MTS client:

- Shall select one configuration out of the potential configurations defined in the SDP offer for using AVPF.
- Indicate in the media (m=) line of the SDP answer that the profile to useis AVPF.
- Indicate the selected configuration for using AV PF in the attribute for actual configurations *acfg’.

If AVP isto be used then the MTSI shall not indicate any SDPCapNeg attributes for using AV PF in the SDP answer.
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6.2.2 Speech

6.2.2.1 General

For AMR or AMR-WB encoded media, the session setup shall determine the applicable bandwidth(s) as defined in
clause 6.2.5, what RTP profile to use; if all codec modes can be used or if the operation needs to be restricted to a
subset; if the bandwidth-efficient payload format can be used or if the octet-aligned payload format must be used; if
codec mode changes shall be restricted to be aligned to only every other frame border or if codec mode changes can
occur at any frame border; if codec mode changes must be restricted to only neighbouring modes within the negotiated
codec mode set or if codec mode changes can be performed to any mode within the codec mode set; the number of
speech frames that should be encapsulated in each RTP packet and the maximum number of speech frames that may be
encapsulated in each RTP packet. For EV S encoded media, the session setup shall determine the RTP profile to usein
the session.

If the session setup negotiation concludes that multiple configuration variants are possible in the session then the default
operation should be used as far as the agreed parameters allow, see clause 7.5.2.1. It should be noted that the default
configurations are dightly different for different access types.

AnMTSI client offering a speech media session for narrow-band speech and/or wide-band speech should generate an
SDP offer according to the examplesin Annexes A.1to A.3. An MTSI client offering EV S should generate an SDP
offer according to the examplesin Annex A.14.

AnMTSI client in terminal supporting EV S should support the RTCP-APP signalling for speech adaptation defined
clause 10.2.1, and shall support the RTCP-APP signalling when the MTSI client in terminal supports adaptation for call
cases where the RTP-based CMR cannot be used.

NOTE 1: Examples of call cases where the RTP-based CMR cannot be used are: when the RTP-based CMR is
disabled; or for uni-directional media (sendonly or recvonly).

Some of the request messages are generic for all speech codecs while other request messages are codec-specific.
Request messages that can be used in a session are negotiated in SDP, see clause 10.2.3.

AnMTS client shall at least offer AVP for speech media streams. An MTSI client should also offer AVPF for speech
media streams. An MTSI client shall offer AVPF for speech media streams when offering to use RTCP-APP signalling.
RTP profile negotiation shall be done as described in clause 6.2.1a. When AV PF is offered then the RT CP bandwidth
shall be greater than zero.

If an MTSI client in terminal offersto use ECN for speech in RTP streams then the MTSI client in terminal shall offer
ECN Capable Transport as defined below. If an MTSI client in terminal accepts an offer for ECN for speech then the
MTSI client in terminal shall declare ECN Capable Transport in the SDP answer as defined below. The SDP
negotiation of ECN Capable Transport is described in [84].

ECN shall not be used when the codec negotiation concludes that only fixed-rate operation is used.

An MTSI client may support multiple codecs where ECN-triggered adaptation is supported only for some of the codecs.
An SDP offer for ECN may therefore include multiple codecs where ECN-triggered adaptation is supported only for
some of the codecs. An MTSI client receiving an SDP offer including multiple codecs and an offer for ECN should first
select which codec to accept and then accept or reject the offer for ECN depending on whether ECN-triggered
adaptation is supported for that codec or not. An MTSI client receiving an SDP answer accepting ECN for a codec
where ECN-triggered adaptation is not supported should re-negotiate the session to disable ECN.

NOTE 2: ECN-triggered adaptation is currently undefined for EV'S. This does not prevent ECN-triggered
adaptation from being negotiated and used for AMR or AMR-WB.

The use of ECN for a speech stream in RTP is negotiated with the ‘ecn-capable-rtp’ SDP attribute, [84]. ECN is enabled
when both clients agree to use ECN as configured below. An MTSI client in terminal using ECN shall therefore also
include the following parameters and parameter values for the ECN attribute:

- ‘leap’, to indicate that the leap-of-faith initiation method shall be used;

- ‘ect=0', to indicate that ECT(0) shall be set for every packet.
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AnMTS client offering ECN for speech may indicate support of the RTCP AVPF ECN feedback messages [84] using
"rtep-fb" attributes with the "nack" feedback parameter and the "ecn" feedback parameter value. An MTSI client
offering ECN for speech may indicate support for RTCP XR ECN summary reports [84] using the "rtcp-xr" SDP
attribute [88] and the "ecn-sum" parameter.

AnMTSI client receiving an offer for ECN for speech without an indication of support of RTCP AVPF ECN feedback
messages [84] within an "rtcp-fb™" attribute should accept the offer if it supports ECN.

AnMTSI client receiving an offer for ECN for speech with an indication of support of the RTCP AVPF ECN feedback
message [84] should also accept the offer and may indicate support of the RTCP AV PF ECN feedback messages [84] in
the answer.

AnMTS client accepting ECN for speech in an answer may indicate support for RTCP XR ECN summary reportsin
the answer using the "rtcp-xr" SDP attribute [88] and the "ecn-sum" parameter.

The use of ECN is disabled when a client sends an SDP without the ‘ ecn-capable-rtp’ SDP attribute.

AnMTSI client may initiate a session re-negotiation to disable ECN to resolve ECN-related error cases. An ECN-
related error case may, for example, be detecting non-ECT in the received packets when ECT(0) was expected or
detecting a very high packet loss rate when ECN is used.

SDP examples for offering and accepting ECT are shown in Annex A.12.

Session setup for sessions including speech and DTMF eventsis described in Annex G.

6.2.2.2 Generating SDP offers

When speech is offered, an MTSI client in terminal sending afirst SDP offer in the initial offer-answer negotiation shall
include at least one RTP payload type for AMR-NB according to RFC4867 [28] and the MTSI client in terminal shall
support and offer a configuration, where the MTSI client in terminal includes the parameter settings as defined in Table
6.1. When EVS-NB is aso offered, the MTSI client in terminal shall support and offer a configuration, where the MTS|
client in terminal includes the parameter settings for EV S primary mode as defined in Table 6.2a and the RTP payload
type for EVS shall also use the parameters for EVS AMR-WB |0 mode as defined in Table 6.1, except for the ‘ecn-
capable-rtp’ and ‘leap ect’ parameters.

If wideband speech is also offered, then the SDP offer shall also include at least one RTP payload type for AMR-WB
according to RFC4867 [28] and the M TSI client in terminal shall support and offer a configuration, where the MTSI
client in terminal includes the parameter settings as defined in Table 6.1. When EVS-WB is also offered, the MTSI
client in terminal shall support and offer a configuration, where the MTSI client in terminal includes the parameter
settings for EV'S primary mode as defined in Table 6.2a and the RTP payload type for EV'S shall also use parameters for
EVS AMR-WB 10 mode as defined in Table 6.1, except for the ‘ ecn-capable-rtp’ and ‘leap ect’ parameters. AMR-WB
and EV'S (including the EVS AMR-WB |0 mode) are thus offered using different RTP payload types.

If super-wideband speech is also offered, the SDP offer shall include at least one RTP payload type for EVS and the
MTSI client in terminal shall support a configuration where the MTSI client in terminal includes the parameter settings
as defined in Table 6.2a

If fullband speech is aso offered, the SDP offer shall include at least one RTP payload type for EVS and the MTSI
client in terminal shall support a configuration wherethe MTSI client in terminal includes the parameter settings as
defined in Table 6.2a.

When EVSis offered, the RTP payload type for EV'S shall also use parameters for EVS AMR-WB |0 mode as defined
in Table 6.1, except for the ‘ecn-capable-rtp’ and ‘leap ect’ parameters. AMR-WB and EV S (including the EVS AMR-
WB |0 mode) are thus offered using different RTP payload types.

NOTE 1: RFC4867 can aso be used for EVS AMR-WB 10 when EV Sis supported. This may happen after
SRV CC when the EV S payload format is used between the ATGW and the MTSI client in terminal while
RFC4867 is used between the CS-MGW and the ATGW.

NOTE 2: ECN-triggered adaptation is currently undefined for EV'S. This does not prevent ECN-triggered
adaptation from being negotiated and used for AMR or AMR-WB.

NOTE 3: When EVSis offered, the audio bandwidths may be different for different directions for the EVS Primary
mode, even for ‘sendrecv’ media
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Clause 5.2.1.6 describes the preference order for how different configurations should be ordered in the list of payload
type numbersthat is given on the m=line.

Table 6.1: SDP parameters for AMR-NB or AMR-WB, when the MTSI client in terminal offers the
bandwidth-efficient payload format

Parameter Usage
octet-align Shall not be included
mode-set Shall not be included
mode-change-period Shall not be included
mode-change-capability Shall be setto 2
mode-change-neighbor Shall not be included
maxptime Shall be set to 240, see also Table 7.1
crc Shall not be included
robust-sorting Shall not be included
interleaving Shall not be included
ptime Shall be set according to Table 7.1
channels Shall either be set to 1 or be omitted
max-red Shall be included and shall be set to 220 or less
ecn-capable-rtp: leap ect=0 Shall be included if offering to use ECN and if the
session setup allows for bit-rate adaptation

Table 6.2: SDP parameters for AMR-NB or AMR-WB, when the MTSI client in terminal offers the octet-
aligned payload format

Parameter Usage
octet-align Shallbe setto 1
mode-set Shall not be included
mode-change-period Shall not be included
mode-change-capability Shall be setto 2
mode-change-neighbor Shall not be included
maxptime Shall be set to 240, see also Table 7.1
crc Shall not be included
robust-sorting Shall not be included
interleaving Shall not be included
ptime Shall be set according to Table 7.1
channels Shall either be set to 1 or be omitted
max-red Shall be included and shall be set to 220 or less
ecn-capable-rtp: leap ect=0 Shall be included if offering to use ECN and if the
session setup allows for bit-rate adaptation
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Table 6.2a: SDP parameters for EVS Primary mode, when the MTSI client in terminal offers EVS

Parameter Usage
ptime Shall be set according to Table 7.1
maxptime Shall be set to 240, see also Table 7.1
ditx MTSI client in terminal shall not include dtx in the initial SDP offer.
dtx-recv MTSI client in terminal shall not include dtx-recv.
hf-only The SDP offer-answer considerations in 3GPP TS 26.445 [125] apply.
evs-mode-switch MTSI client in terminal shall not include evs-mode-switch in the initial SDP offer.
br An MTSI client in terminal supporting the EVS codec is required to support the entire bit-rate range
but may offer a smaller bit-rate range or even a single bit-rate.
br-send The SDP offer-answer considerations in 3GPP TS 26.445 [125] apply.
br-recv The SDP offer-answer considerations in 3GPP TS 26.445 [125] apply.
bw The SDP offer-answer considerations in 3GPP TS 26.445 [125] apply.
bw-send The SDP offer-answer considerations in 3GPP TS 26.445 [125] apply.
bw-recv The SDP offer-answer considerations in 3GPP TS 26.445 [125] apply.
ch-send The SDP offer-answer considerations in 3GPP TS 26.445 [125] apply.
ch-recv The SDP offer-answer considerations in 3GPP TS 26.445 [125] apply.
cmr The SDP offer-answer considerations in 3GPP TS 26.445 [125] apply.
ch-aw-recv The SDP offer-answer considerations in 3GPP TS 26.445 [125] apply.
channels The SDP offer-answer considerations in 3GPP TS 26.445 [125] apply.
max-red Shall be included and shall be set to 220 or less.

When the channels parameter is omitted then this means that one channel is being offered.
The mode-set parameter is omitted, allowing maximum freedom for the visited network.

The mode-change-capability parameter isincluded and set to 2, to support potential interworking with 2G radio access
(GERAN).

An example of an SDP offer for AMR-NB isshown in Table A.1.1. An example of an SDP offer for both AMR-NB and
AMR-WB isshown in Table A.1.2. An example of SDP offer for AMR-NB, AMR-WB, and EVSis shownin Table
A.14.1.

An SDP example for offering and accepting a dual-mono session for EVSisshownin Annex A.14.1 and A.14.3.

AnMTSI client in terminal may divide the offer-answer negotiation into several phases and offer different
configurationsin different SDP offers. If thisis done then the first SDP offer in the initial offer-answer negotiation shall
include the most preferable configurations. For AMR-NB, this means that the first SDP offer in the initial offer-answer
negotiation shall include at least one RTP payload type for AMR-NB with the parameters as defined in Table 6.1. If
wideband speech is offered then the first SDP offer in the initial offer-answer negotiation shall include also at least one
RTP payload type for AMR-WB with the parameters as defined in Table 6.1. This also means that offers for octet-
aligned payload format do not need to be included in the first SDP offer. If super-wideband or fullband speechis
offered, the first SDP offer in the initial offer-answer negotiation shall include at least one RTP payload type for EVS
with the parameters as defined in [125]. One example of dividing the offer-answer negotiation into two phases, and the
corresponding SDP offers, is shown in clause A.1.1.2.2.

NOTE 4: Dividing the offer-answer negotiation into several phases may lead to never offering the less preferred
configurations, if the other end-point accepts to use at |east one of the configurations offered in the initial
SDP offer.

If the speech mediais re-negotiated during the session then the knowledge from earlier offer-answer negotiations
should be used in order to shorten the session re-negotiation time. |.e., failed offer-answer transactions shall not be
repeated.

6.2.2.3 Generating SDP answer

AnMTSI client in terminal must understand all the payload format options that are defined in RFC 4867 [28], and in
[125]. It does not have to support operating according to all these options but must be capable to properly accepting or
rejecting all options.

The SDP answer depends on many factors, for example:
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- what isincluded in the SDP offer and in what preference order that is defined. The SDP offer will probably be
different if it is generated by another MTSI client in terminal, by an MTSI MGW, a TISPAN client or some
other Vol P client that does not follow this specification;

- if terminal and/or network resources are available; and:

- if there are other configurations, for example defined with OMA-DM, that mandate, recommend or prevent some
configurations.

Table 6.3 describes requirements and recommendations for handling of the AMR payload format parameters and for
how to generate the SDP answer.

NOTE 1. An MTSI client in terminal may support more features than what is required by this specification, e.g. crc,
robust sorting and interleaving. Table 6.3 describes the handling of the AMR payload format parameters
when the MTSI client implementation supports only those features that are required by this specification.
Tables 6.3a-6.3c describe the handling of the EV S payload format parameters.
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Table 6.3: Handling of the AMR-NB and AMR-WB SDP parameters in the received SDP offer and in
the SDP answer
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Parameter in the
received SDP offer

Comments

Handling

Codec

Wide-band speech is preferable over narrow-
band speech

If both AMR-WB and AMR-NB are offered and if
AMR-WB is supported by the answering MTSI
client in terminal then it shall select to use the
AMR-WB codec and include this codec in the
SDP answer, unless another preference order is
indicated in the SDP offer. If the MTSI client in
terminal only supports AMR-NB then this codec
shall be selected to be used and shall be
included in the SDP answer.

The SDP answer shall only include one RTP
Payload Type for speech, see NOTE 1.

properly with whatever mode-set the other end-
point offers or if no mode-set is offered.

The possibilities to use the higher bit rate codec
modes also depend on the offered bandwidth.

MTSI MGWs for GERAN or UTRAN inter-
working are likely to include the mode-set in the
offer if in case the intention is to use TFO or
TrFO.

Mode sets that give more adaptation possibilities
are preferable over mode-sets with fewer or no
adaptation possibilities.

An MTSI client in terminal may be configured
with a preferred mode set. Otherwise, the
preferred mode-set for AMR-NB is {12.2, 7.4,
5.9, 4.75} and for AMR-WB it is {12.65, 8.85 and
6.60}.

octet-align Both the bandwidth-efficient and the octet- The offer shall not be rejected purely based on
aligned payload formats are supported by the the offered payload format variant.
MTSI client in terminal. If both bandwidth-efficient and octet-aligned are
MTSI MGWs for GERAN or UTRAN are likely to |included in the received SDP offer then the MTSI
either not include the octet-align parameter or to |client in terminal shall select the bandwidth-
offer octet-align=0. efficient payload format and include it in the
The bandwidth-efficient payload format is configuration in the SDP answer.
preferable over the octet-aligned payload format.

mode-set The MTSI client in terminal can interoperate The offer shall not be rejected purely based on

the offered mode-set.

If only one mode-set is offered then the MTSI
client in terminal shall select to use this and
include the same mode-set in the SDP answer.

If several different payload types for the same
codec with different mode-sets (possibly
including one or more payload type without
mode set) are included in the received SDP
offer, then the MTSI client in terminal should
select in the first hand the mode-set that
provides the largest degrees of freedom for
codec mode adaptation and in the second hand
the mode-set that is closest to the preferred
mode sets.

If only a payload type without mode-set has been
offered, or if an MTSI client in terminal selects a
payload type without mode-set from among the
offered ones, and the MTSI client in terminal
intends to use only some modes (e.g. one of the
preferred mode sets defined at left), then the
MTSI client in terminal should include these
modes as the mode-set.

There are also dependencies between the
mode-set and the SDP b=AS bandwidth
parameter; see Clause 6.2.5.2.

mode-change-
period

The MTSI client in terminal can interoperate
properly with whatever mode-change-period the
other end-point offers.

MTSI MGWs for GERAN or UTRAN inter-
working are likely to include mode-change-
period=2 in the offer if in case the intention is to
use TFO or TrFO.

The offer shall not be rejected purely based on
the offered mode-change-period.

If the received SDP offer defines mode-change-
period=2 then this information shall be used to
determine the mode changes for AMR-NB or
AMR-WB encoded media that the MTSI client in
terminal sends.

The MTSI client in terminal should not include
the mode-change-period parameter in the SDP
answer since it has no corresponding limitations.
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Parameter in the
received SDP offer

Comments

Handling

mode-change-
capability

The MTSI client in terminal can interoperate with
whatever capabilities the other end-point
declares.

The offer shall not be rejected purely based on
the offered mode-change-capability.

The mode-change-capability information should
be used to determine a proper value, or prevent
using an improper value, for mode-change-
period in the SDP answer, see above. If the offer
includes mode-change-capability=1, then the
MTSI client in terminal shall not offer mode-
change-period=2 in the answer.

The MTSI client in terminal shall include mode-
change-capability=2 in the SDP answer since it
is required to support restricting mode changes
to every other frame.

mode-change-
neighbor

The MTSI client in terminal can interoperate with
whatever limitations the other end-point offers.

The offer shall not be rejected purely based on
the offered mode-change-neighbor.

The MTSI client in terminal shall use this
information to determine how mode changes can
be performed for AMR-NB or AMR-WB encoded
media that the MTSI client in terminal sends.

The MTSI client in terminal shall not include the
mode-change-neighbor parameter in the SDP
answer since it has no corresponding limitations.

maxptime

The MTSI client in terminal can interoperate with
whatever value that is offered.

The MTSI client in terminal may also use this
information to determine a suitable value for
max-red in the SDP answer.

The offer shall not be rejected purely based on
the offered maxptime.

The MTSI client in terminal shall use this
information to control the packetization when
sending RTP packets to the other end-point, see
also clause 7.4.2.

The maxptime parameter shall be included in the
SDP answer and shall be an integer multiple of
20.

If the received SDP offer includes both the max-
red and ptime parameter then the MTSI client in
terminal may choose to use this information to
define a suitable value for maxptime in the SDP
answer, see NOTE 2. The MTSI client in terminal
may also choose to set the maxptime value to
240, regardless of the ptime and/or max-red
parameters in the SDP offer.

The maxptime value in the SDP answer shall not
be smaller than ptime value in the SDP answer.
The maxptime value should be selected to give
at least some room for adaptation.

crc

The MTSI client in terminal is not required to
support this option.

The MTSI client in terminal may have to reject
offered RTP payload types including this option.

robust-sorting

The MTSI client in terminal is not required to
support this option.

The MTSI client in terminal may have to reject
offered RTP payload types including this option.

interleaving

The MTSI client in terminal is not required to
support this option.

The MTSI client in terminal may have to reject
offered RTP payload types including this option.
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Parameter in the
received SDP offer

Comments

Handling

ptime

The MTSI client in terminal can interoperate with
whatever value that is offered.

The offer shall not be rejected purely based on
the offered ptime.

The MTSI client in terminal should use this
information and should use the requested
packetization when sending RTP packets to the
other end-point. The MTSI client should use the
ptime value to determine how many non-
redundant speech frames that can be packed
into the RTP packets. The requirements in
clause 7.4.2 shall be followed even if ptime in the
SDP offer is larger than 80.

The ptime parameter shall be included in the
SDP answer and shall be an integer multiple of
20.

If the received SDP offer includes the ptime
parameters then the MTSI client in terminal may
choose to use this information to define a
suitable value for ptime in the SDP answer, see
NOTE 3. The MTSI client in terminal may also
choose to set the ptime value in the SDP answer
according to Table 7.1, regardless of the ptime
parameter in the SDP offer.

The ptime value in the SDP answer shall not be
larger than the maxptime value in the SDP
answer.

channels The number of channels may either be explicitly |When the MTSI client in terminal accepts an
indicated in the SDP by including /1, '/2', etc. on |offer for single-channel audio then the SDP
the a=rtpmap line, but the number of channels  |answer shall either explicitly indicate '/1' or omit
may also be omitted. When the number of the channels parameter.
channels is omitted then the default rule is that  \yhen the MTSI client in terminal accepts an
one channel is being offered. offer for multi-channel audio then the number of
The MTSI client in terminal is only required to channels shall be included in the SDP answer.
support audio media using one channel. Offered
RTP payload types with more than one channel
may therefore have to be rejected.

max-red The MTSI client in terminal may use this The max-red parameter shall be included in the

information to bound the delay for receiving
redundant frames.

The MTSI client in terminal may also use this
information to determine a suitable value for
maxptime in the SDP answer.

SDP answer and shall be an integer multiple of
20.

If the received SDP offer includes both the ptime
and maxptime parameters then the MTSI client
in terminal may choose to use this information to
define a suitable value for max-red in the SDP
answer, see NOTE 2. The MTSI client in terminal
may also choose to set the max-red value to
220.

The max-red value in the SDP answer should be
selected to give at least some room for
adaptation.

ecn-capable-rtp:
leap ect=0

An MTSI client in terminal uses this SDP
attribute to offer ECN for RTP-transported media

Shall be included in the SDP answer if accepting
an offer to use ECN and if the session setup
allows for bit-rate adaptation

NOTE 2:

NOTE 3:

NOTE 1: An MTSI client may include both a speech coded, e.g. AMR-NB or AMR-WB, and ‘telephone-events’ for
DTMF in the SDP answer, see 3GPP TS 24.229 Clause 6.1, [7].

It is possible to use the following relationship between maxptime, ptime and max-red:
maxptime = ptime + max-red.

There is however no mandatory requirement that these parameters must be aligned in this way.

It may be wise to use the same ptime value in the SDP answer as was given in the SDP offer, especially if

the ptime in the SDP offer is larger than 20, since a value larger than the frame length indicates that the other
end-point is somehow packet rate limited.
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If an SDP offer is received from another MTSI client in terminal using the AMR-NB or AMR-WB codec, then the SDP
offer will include configurations as described in Table 6.1 and Table 6.2. If the M TSI client in terminal chooses to
accept the offer for using the AMR-NB or AMR-WB codec, as configured in Table 6.1 or Table 6.2 then the MTSI
client in terminal shall support a configuration where the MTSI client in terminal creates an SDP answer containing an
RTP payload type for the AMR-NB and AMR-WB codec as shown in Table 6.4.

Table 6.3a: Handling of SDP parameters common to EVS Primary and EVS AMR-WB IO in the
received SDP offer and in the SDP answer

Parameter Comments Handling
ptime
maxptime
dtx MTSI client in terminal shall not include dtx in the

initial SDP offer. MTSI MGW may modify SDP
offer to include dtx in order to disable DTX in the
session.

dtx-recv MTSI client in terminal shall not include dtx-recv.
MTSI MGW may modify SDP offer or answer in
order to disable DTX for the send direction of the
receiver of dtx-recv.

hf-only -
evs-mode-switch This parameter is used by MTSI MGW either MTSI client in terminal shall not include evs-
when starting in EVS AMR-WB IO mode instead |mode-switch in the initial SDP offer. When

of EVS Primary mode or when switching including evs-mode-switch in the SDP offer
between EVS Primary mode and EVS AMR-WB |during a session, the offerer shall use the
IO mode, e.g., for SRVCC. requested mode when sending EVS packets.

However, if a media stream is already being
received, the offerer needs to be prepared to
receive packets in both EVS primary and EVS
AMR-WB 10 modes until receiving the answer.
When including evs-mode-switch in the SDP
answer during a session, the answerer shall use
the requested mode when sending EVS packets.
When receiving SDP answer including evs-
mode-switch during a session, the offerer shall
use the requested mode when sending EVS
packets.

max-red See Table 6.3
channels See Table 6.3

ETSI



3GPP TS 26.114 version 16.11.0 Release 16 47

ETSI TS 126 114 V16.11.0 (2021-10)

Table 6.3b: Handling of the EVS Primary SDP parameters in the received SDP offer and in the SDP

answer
Parameter Comments Handling
br An MTSI client in terminal supporting the EVS
codec is required to support the entire bit-rate
range but may offer a smaller bit-rate range or
even a single bit-rate.
br-send
br-recv
bw The session should start with the maximum Both the offerer and the answerer shall send
bandwidth supported by the initial bit-rate up to |according to the bandwidth parameter in the
the maximum negotiated bandwidth. If a range of|answer.
bandwidth is negotiated, the codec can operate
in any bandwidth in the session but the
maximum bandwidth in the range should be
used after the start of or update of the session. If
a single audio bandwidth higher than
narrowband is negotiated, the codec operates in
the negotiated bandwidth but can use lower
bandwidth(s) in the session, depending on the
input signal.
bw-send
bw-recv
ch-send
ch-recv
cmr In EVS AMR-WB 10 mode, CMR to the bit-rates |If cmr=-1 and the session is in the EVS Primary
of EVS AMR-WB 10 mode and NO_REQ is mode, MTSI client in terminal shall not transmit
always enabled. CMR. If cmr=-1 and the session is in the EVS
AMR-WB |0, MTSI client in terminal shall restrict
CMR to values of EVS AMR-WB-IO bit-rates and
NO_REQ in the session.
MTSI client in terminal is required to accept CMR
even when cmr=-1. MTSI client in terminal is
required to accept RTP payload without CMR
even when cmr=1.
ch-aw-recv If a positive (2, 3, 5, or 7) value of ch-aw-recv is

declared for a payload type and the payload type
is accepted, the receiver of the parameter shall
send partial redundancy (channel-aware mode)
at the start of the session using the value as the
offset. If ch-aw-recv=0 is declared or not present
for a payload type and the payload type is
accepted, the receiver of the parameter shall not
send partial redundancy (channel-aware mode)
at the start of the session. If ch-aw-recv=-1 is
declared for a payload type and the payload type
is accepted, the receiver of the parameter shall
not send partial redundancy (channel-aware
mode) in the session. If not present or a non-
negative (0, 2, 3, 5, or 7) value of ch-aw-recv is
declared for a payload type and the payload type
is accepted, partial redundancy (channel-aware
mode) can be activated or deactivated during the
session based on the expected or estimated
channel condition through adaptation signaling,
such as CMR (see Annex A.2 of [125]) or RTCP
based signalling (see clause 10.2). If not present
or a non-negative (0, 2, 3, 5, or 7) value of ch-
aw-recv is declared for a payload type and the
payload type is accepted, the partial redundancy
offset value can also be adjusted during the
session based on the expected or estimated
channel condition through adaptation signaling.
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Table 6.3c: SDP parameters for the EVS AMR-WB IO parameters in the received SDP offer and in the

SDP answer
Parameter Comments | Handling

mode-set See Table 6.3

mode-change-

period

mode-change-

neighbor

mode-change- The default value is re-defined in comparison to |As the default and the only allowed value of

capability that in [28]. mode-change-capability is 2 in EVS AMR-WB
10, it is not required to include this parameter in
the SDP offer or answer.

NOTE 2: ECN-triggered adaptation is currently undefined for EV'S. This does not prevent ECN-triggered
adaptation from being negotiated and used for AMR or AMR-WB.

Table 6.4: SDP parameters for AMR-NB or AMR-WB for SDP answer when the SDP offer is received
from another MTSI client in terminal

Parameter Usage

octet-align Shall not be included

mode-set See Table 6.3

mode-change-period Shall not be included

mode-change-capability May be included. If it is included then it shall be set to
2

mode-change-neighbor Shall not be included

maxptime Shall be set to 240, see also Table 7.1

crc Shall not be included

robust-sorting Shall not be included

interleaving Shall not be included

ptime Shall be set according to Table 7.1

channels Shall either be set to 1 or be omitted

max-red Shall be included and shall be set to 220 or less

ecn-capable-rtp: leap ect=0 Shall be included in the SDP answer if accepting an
offer to use ECN and if the session setup allows for
bit-rate adaptation

If an SDP offer isreceived fromaMTSI MGW inter-working with CS GERAN/UTRAN, and when the MTSI MGW
supports ECN (see aso Clause 12.3.3), then it islikely to be configured as shown in Table 6.5 if the MTSI MGW does
not support redundancy.
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an MTSI MGW inter-working with CS GERAN/UTRAN

Parameter Usage
octet-align Either not included or set to 0
mode-set Included and indicates the codec modes that are
allowed in the CS network
mode-change-period Setto 2
mode-change-capability Setto 2

mode-change-neighbor

Set to 1 if the CS network is GERAN

maxptime Set to 80, see also Table 12.1
crc Not included

robust-sorting Not included

interleaving Not included

ptime Set according to Table 12.1
channels Set to 1 or parameter is omitted
max-red Setto 0

ecn-capable-rtp: leap ect=0

Shall be included in the SDP answer if accepting an
offer to use ECN and if the session setup allows for
bit-rate adaptation

If the MTSI client in terminal accepts the offer included in Table 6.5 then the MTSI client in terminal shall support a
configuration wherethe MTSI client in terminal creates an SDP answer containing an RTP payload type for the AMR-

NB and AMR-WB codecs as shown in Table 6.6.

Table 6.6: SDP parameters for AMR-NB or AMR-WB for SDP answer when the SDP offer is received

from another MTSI MGW

Parameter

Usage

octet-align

Shall be set according to the offer

mode-set

See Table 6.3

mode-change-period

Shall not be included

mode-change-capability

May be included. If it is included then it shall be set to
2

mode-change-neighbor

Shall not be included

maxptime

Shall be set to 240, see also Table 7.1

crc

Shall not be included

robust-sorting

Shall not be included

interleaving Shall not be included

ptime Shall be set according to Table 7.1

channels Shall be set according to the offer

max-red Shall be included and shall be set to 220 or less

ecn-capable-rtp: leap ect=0

Shall be included in the SDP answer if accepting an
offer to use ECN and if the session setup allows for
bit-rate adaptation

6.2.3 Video

6.2.3.1 Introduction

The common session setup procedures for video are described in Clause 6.2.3.2. Session setup procedures for
Coordination of Video Orientation (CVO) and Video Region of Interest (ROI) are described in Clauses 6.2.3.3 and
6.2.3.4, respectively. Session setup procedures for RTP Retransmission and Forward Error Correction (FEC) are

described in clauses 6.2.3.5 and 6.2.3.6, respectively.
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6.2.3.2 Common Session Setup Procedures

If video is used in a session, the session setup shall determine the applicable bandwidth(s) as defined in clause 6.2.5,
RTP profile, video codec, profile and level. The "imageattr" attribute as specified in IETF RFC 6236 [76] should be
supported. The "framesize" attribute as specified in [60] shall not be used in the session setup.

AnMTSI client shall offer AVPF for al media streams containing video. RTP profile negotiation shall be done as
described in clause 6.2.1a.

AnMTSI client isrequired to support the AV PF feedback messages trr-int, NACK and PL1 [40] and the CCM feedback
messages FIR, TMMBR and TMMBN [43], see Clauses 7.3.3 and 10.3. These feedback messages can only be used
together with AV PF and shall be negotiated in SDP offer/answer before they can be used in the session [40]. AN MTS
client sending an SDP offer for AV PF shall aso include these AVPF and CCM feedback messages in the offer. An
MTSI client accepting an SDP offer for AVPF for video shall also accept these AVPF and CCM feedback messages if
they are offered.

If an MTSI client offersto use ECN for video in RTP streams then the MTSI client shall offer ECN Capable Transport
as defined below. If an MTSI client accepts an offer for ECN for video then the MTSI client shall declare ECN Capable
Transport in the SDP answer as defined below. The SDP negotiation of ECN Capable Transport is described in [84].

The use of ECN for avideo streamin RTP is hegotiated with the "ecn-capable-rtp" SDP attribute, [84]. ECN is enabled
when both clients agree to use ECN as configured below. An MTSI client using ECN shall therefore aso include the
following parameters and parameter values for the ECN attribute:

- ‘leap’, to indicate that the leap-of-faith initiation method shall be used;
- ‘ect=0, toindicate that ECT(0) shall be set for every packet.

AnMTSI client offering ECN for video shall indicate support of TMMBR [43] by including the "ccm tmmbr" value
within an "rtcp-fb" SDP attribute [40]. An MTSI client offering ECN for video may indicate support for RTCP AV PF
ECN feedback messages [84] using the "rtcp-fb" SDP attribute with the "nack” feedback parameter and the "ecn”
feedback parameter value. An MTSI client offering ECN for video may indicate support for RTCP XR ECN summary
reports [84] using the "rtcp-xr" SDP attribute and the "ecn-sum" parameter.

An MTSI client receiving an offer for ECN for video with an indication of support of TMMBR [43] within an "rtcp-fb"
attribute should accept the offer if it supports ECN. It shall then indicate support for TMMBR using an "rtcp-fb"
attribute in the SDP answer.

An MTSI client receiving an offer for ECN for video with an indication of support of RTCP AVPF ECN feedback
message but without support for TMMBR should accept the offer if it supports ECN and also the RTCP AVPF ECN
feedback message. It shall then indicate support of the RTCP AVPF ECN feedback message using the "rtcp-fb"
attribute in the SDP answer.

An MTSI client receiving an offer for ECN for video with an indication of support of RTCP XR ECN summary reports
[84] without support for TMMBR should accept the offer if it supports ECN and also the RTCP XR ECN summary
reports. It shall then indicate support of RTCP XR ECN summary reports in the SDP answer.

The use of ECN is disabled when a client sends an SDP without the "ecn-capable-rtp" SDP attribute.

AnMTS client may initiate a session re-negotiation to disable ECN to resolve ECN-related error cases. An ECN-
related error case may be, for example, detecting non-ECT in the received packets when ECT (0) was expected or
detecting a very high packet loss rate when ECN is used.

Examples of SDP offers and answers for video can be found in clause A.4. SDP examples for offering and accepting
ECT are shownin Annex A.12.2.

NOTE: For H.264 / MPEG-4 (Part 10) AV C, the optional max-rcmd-nalu-size receiver-capability parameter of
RFC 6184 [25] should be set to the smaller of the MTU size (if known) minus header size or 1 400 bytes
(otherwise).

The "framerate” attribute as specified in [8] indicates the maximum frame rate the offerer wishes to receive. If the
"framerate" attribute is present in the SDP offer, its value may be modified in the SDP answer when the answerer
wishes to receive video with a different maximum frame rate than what was indicated in the offer.
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AnMTSI client in terminal setting up asymmetric video streams with H.264 (AV C) should use both the ‘level-
asymmetry-allowed’ parameter and the ‘ max-recv-level’ parameter that are defined in the H.264 payload format, [25].
When the * max-recv-level’ parameter is used then the level offered for the receiving direction using the * max-recv-
level’ parameter must be higher than the default level that is offered with the ‘profile-level-id’ parameter.

An SDP offer-answer example showing the usage of the ‘level-asymmetry-allowed’ and ‘ max-recv-level’ parametersis
included in Annex A.4.5.

AnMTSI client in terminal setting up asymmetric video streams with H.265 (HEV C) should use the ‘ max-recv-level-
id" parameter that is defined in the H.265 payload format, [120]. The level offered for the receiving direction using the
‘max-recv-level-id’ parameter must be higher than the default level that is offered with the ‘level-id’ parameter.

An SDP offer-answer example showing the usage of the ‘ max-recv-level-id' parameter isincluded in Annex A.4.8.

Theresolutionsin the "imageattr" attribute correspond to the image size information in the encoded video bitstream
such that the x-component corresponds to the image width, and the y-component corresponds to the height component.
When the bit-rate is being adapted, values of image width or image height smaller than the x- or y-component(s) in the
negotiated "imageattr" attribute may be temporarily used.

MTSI clients should indicate all their preferred resolutions in the SDP offer and answer exchanges using the
"imageattr" attribute. MTSI clients should not renegotiate SDP in case of no agreement on resolution, i.e., no new SDP
offer-answer exchanges are expected in case of a mismatch of resolutions asindicated by the "imageattr" attribute. This
isan MTSl-specific relaxation of the requirement in IETF RFC 6236 [ 76], according to which SDP renegotiation is
expected in case of no agreed resolution. Related SDP offer-answer examples based on this expected behavior for
MTSI clients can be found in Annex A.4.4a.

6.2.3.3 Coordination of Video Orientation (CVO)
AnMTSI client should support Coordination of Video Orientation (CVO) as specified in clause 7.4.5.

AnMTS client supporting CVO shall offer Coordination of Video Orientation (CVO) in SDP for all media streams
containing video. CV O is offered by including the a=extmap attribute [95] indicating the CVO URN under the relevant
medialine scope. The CVO URN is: urn:3gpp:video-orientation. Here is an example usage of this URN to signal CVO
relative to amedialine:

a=extmap: 7 urn: 3gpp: vi deo-ori entation

The number 7 in the example may be replaced with any number in the range 1-14. The above SDP line indicates 2 bits
of granularity for rotation and shall be present when offering CVO.

Higher granularity CV O supports up to 6 bits of precision and may additionally be offered for the rotation value by also
including the following line of SDP in the offer:

a=ext map: 5 urn: 3gpp: vi deo-orientation: 6

For terminals with asymmetric capability (e.g. the ability to process video orientation information but not detect
orientation), the sendonly and recvonly attributes [95] may be used. Terminals should express their capability in each
direction sufficiently clearly such that signals are only sent in each direction to the extent that they both express useful
information and can be processed by the recipient; for example, 6-bit signals would not be sent when the sending
terminal can only detect orientation to a precision of 2 bits, and terminals incapable of detecting orientation would not
send the header.

AnMTSI client supporting CV O shall respond to receive CVO when CVO is offered to be sent in SDP, by including
exactly one of the offered extmap attributes. An MTSI client supporting CVO shall respond to send CVO when CVO is
offered to be received in SDP, by including exactly one of the offered extmap attributes. An MTSI client shall not
answer with CVO in adirection when not offered CVO in that direction in SDP.

6.2.3.4 Video Region-of-Interest (ROI)
AnMTSI client should support Video Region-of-Interest (ROI) signaling as specified in clause 7.3.7.

AnMTSI client supporting ROI shall support at least one of the following modes to request a desired region of interest
(signaled from an M TSI receiver to an MTSI sender):

- Far End Camera Control’ (FECC), as specified in [135]-[139] and clause 7.3.7

ETSI



3GPP TS 26.114 version 16.11.0 Release 16 52 ETSI TS 126 114 V16.11.0 (2021-10)

- ‘Arbitrary ROI", as specified in clause 7.3.7
- ‘Pre-defined ROI’, as specified in clause 7.3.7

AnMTS client supporting FECC using H.224 shall offer FECC in SDP for all media streams containing video, where
FECC capabilities are desired. FECC shall be offered via the syntax and semantics defined in IETF RFC 4573 [139].
The MIME type ‘application/n224’ corresponding to the RTP payload format for H.224 shall be used asin [139], which
also defines the SDP parameters needed to indicate support for FECC using H.224.

AnMTSI client supporting ‘ Arbitrary ROI’ mode shall offer * Arbitary ROI’ in SDP for al media streams containing
video, where ‘ Arbitrary ROI’ capabilities are desired. ‘ Arbitrary ROI’ shall be offered by including the a=rtcp-fb
attribute [40] with the ‘ Arbitrary ROI’ type under the relevant medialine scope. The * Arbitrary ROI’ typein
conjunction with the RTCP feedback method shall be expressed with the following parameter: 3gpp-roi-arbitrary. A
wildcard payload type ("*") may be used to indicate that the RTCP feedback attribute for ‘ Arbitrary ROI’ signaling
appliesto all payload types. If several types of ROI signaling are supported and/or the same ‘ Arbitary ROI’ shall be
specified for a subset of the payload types, several "a=rtcp-fb" lines can be used. Here is an example usage of this
attribute to signal ‘ Arbitrary ROI’ relative to a medialine based on the RT CP feedback method:

a=rtcp-fb:* 3gpp-roi-arbitrary

AnMTS client supporting ‘ Pre-defined ROI’ mode shall offer ‘ Pre-defined ROI’ in SDP for all media streams
containing video, where ‘ Pre-defined ROI’ capabilities are desired. ‘ Pre-defined ROI’ shall be offered by including the
a=rtcp-fb attribute [40] with the ‘ Pre-defined ROI’ type under the relevant medialine scope. The ‘ Pre-defined ROI’
type in conjunction with the RTCP feedback method shall be expressed with the following parameter: 3gpp-roi-
predefined. A wildcard payload type ("*") may be used to indicate that the RTCP feedback attribute for ‘ Pre-defined
ROI’ signaling appliesto all payload types. If several types of ROI signaling are supported and/or the same * Pre-defined
ROI" shall be specified for a subset of the payload types, several "a=rtcp-fb" lines can be used. Hereis an example
usage of this attribute to signal ‘ Pre-defined ROI’ relative to a medialine based on the RTCP feedback method:

a=rtcp-fb:* 3gpp-roi-predefined

The IANA registration information on the new RTCP feedback types for ‘ Arbitrary ROI’ and ‘ Pre-defined ROI’ are
provided in Annex R.1.

The ABNF for rtcp-fb-val corresponding to the feedback types " 3gpp-roi-arbitrary”and " 3gpp-roi-predefined” is given
asfollows:

rtcp-fb-val =/ " 3gpp-roi-arbitrary”
rtcp-fb-val =/ " 3gpp-roi-predefined"

An MTSI sender supporting the ‘ Pre-defined ROI’ feature shall offer detailed pre-defined ROI information in the initial
offer-answer negotiation by carrying it in SDP. Pre-defined ROI s shall be offered by including the "a=predefined_ROI"
attribute under the relevant medialine. The following parameters shall be provided in the attribute for each pre-defined
ROI:

- ROI_ID —identifies the pre-defined ROI

- Position_X - specifies the x-coordinate for the upper left corner of the ROI area covered in the original content
(i.e., uncompressed captured content) in units of pixels

- Position_Y - specifies the y-coordinate for the upper |eft corner of the ROI area covered in the original content in
units of pixels

- Size X - specifies the horizontal size of the ROI area covered in the original content in units of pixels
- Size Y - specifiesthe vertica size of the ROl area covered in the original content in units of pixels
- Name- specifies the name of the pre-defined ROI.
The syntax for the "a=predefined_ROI" attribute shall conform to the following ABNF:
predefined_ROI = "predefined_ROI:" PT 1*WSP attr-list
PT =1*DIGIT / "*"

attr-list = ( set *(1*WSP set) ) / "+
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; WSP and DIGIT defined in [RFC5234]

set="[" "ROI_ID="idvalue"," "Position_X=" posvalue"," "Position_Y="posvalue"," "Size X=" sizevalue","
"Size Y="sizevalue"," "Name=" namevalue "]"

idvalue= onetonine*2DIGIT
; Digit between 1 and 9 that is
; followed by 0 to 2 other digits

posvalue = sizevalue/ "0"

; position may be"0"

sizevalue = onetonine *5DIGIT
; Digit between 1 and 9 that is
; followed by O to 5 other digits

onetonine="1"/"2"/"3" /"4" /"5" ["6" [ "7" ["8" | "9"
; Digit between 1 and 9

nameval ue = byte-string
; byte-string defined in RFC 4566

The SDP offer with a=predefined_ROI parameter shall contain the full-size view of the video indicated via ROI_ID=0.

Here is an example use of the "a=predefined_ROI" attribute relative to a medialine:
a=pr edefi ned_RO : 99

| D=0, Posi tion_X=1, Posi tion_Y=1, Si ze_X=1080, Si ze_Y=720, Nane=f ul | vi ew]
D=1, Posi tion_X=1, Posi tion_Y=1, Si ze_X=540, Si ze_Y=360, Nane=nuseunj
D=2, Posi ti on_X=541, Posi tion_Y=1, Si ze_X=540, Si ze_Y=360, Nane=ci neng]
D=3, Posi tion_X=1, Posi tion_Y=361, Si ze_X=540, Si ze_Y=360, Nane=par k]
D=4, Posi ti on_X=541, Posi ti on_Y=361, Si ze_X=540, Si ze_Y=360, Nane= z00]

The IANA registration information for the "a=predefined_ROI" SDP attribute is provided in Annex M.5.

In response to the SDP offer with the set of offered pre-defined ROIs provided using the "a=predefined_ROI" ling(s), an
MTSI client accepting ‘ Pre-defined ROI’ shall provide an SDP answer using the "a=predefined_ROI" ling(s) containing
the accepted set of pre-defined ROIs. Such an SDP answer shall also contain the "a=rtcp-fb:* 3gpp-roi-predefined” line.
The accepted set of pre-defined ROIs shall be a subset of the offered set of pre-defined ROIs. If the SDP answer

contains the a=rtcp-fh:* 3gpp-roi-predefined” line, but does not contain a"a=predefined_ROI" line, thisindicates that
the MTS client supports the * Pre-defined ROI’ mode, but none of the ROIs in the offered set of pre-defined ROIsis
acceptable for this M TSI client. Following the successful negotiation of ‘ Pre-defined ROI’, the M TSI receiver uses the
RTCP feedback method to request from the accepted set of pre-defined ROIs and M TSI sender encodes the sent video
accordingly to provide the requested pre-defined ROI.

If the SDP offer just provides the "a=predefined_ROI" but not "a=rtcp-fb:* 3gpp-roi-predefined ", then the
"a=predefined_ROI" lines should be ignored.

A new SDP offer-answer negotiation can be performed to modify the set of pre-defined ROIs. The MTSI sender may
update all the content of pre-defined ROI s, including the total number of pre-defined ROI's, and the position, size and
name of each of the pre-defined ROIs.

The ROI information parameters exchanged via the a=predefined_ROI parameter in the SDP signalling defined above
are independent of the negotiated video resolution for the encoded content. Instead, the ROI information parameters
defined above take as reference the original video content, i.e., uncompressed captured video content. Therefore, no
modifications or remappings of ROl parameters are necessary during any transcoding that results in changesin video
resolution or during potential dynamic adaptations of encoded video resolution at the sender.

AnMTS client supporting ‘ Arbitrary ROI’ or ‘ Pre-defined ROI’ should also offer ‘Sent ROI’ in SDP for al media
streams containing video. An MTSI sender accepting "Arbitrary ROI’ or ‘ Pre-defined ROI’ shall also accept an
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accompanying ‘ Sent ROI’ offer. An MTSI sender accepting ‘FECC' should also accept an accompanying ‘ Sent ROI’
offer. ‘Sent ROI’ is specified in clause 7.3.7 and is offered by including the a=extmap attribute [95] indicating the ‘ Sent
ROI" URN under the relevant media line scope. The *Sent ROI' URN corresponding to an arbitrary ROl is:
urn:3gpp:roi-sent, on which the IANA registration information is provided in Annex O.4. The *Sent ROI’ URN
corresponding to a pre-defined ROI is: urn:3gpp:predefined-roi-sent, on which the IANA registration information is
provided in Annex O.5. Hereis an example usage of this URN to signal ‘ Sent ROI’ relative to amedialine:

a=extmap: 7 urn: 3gpp: roi - sent

The number 7 in the example may be replaced with any number in the range 1-14.

6.2.3.5 RTP Retransmission
AnMTS client should support RTP Retransmission as specified in clause 7.4.6.

AnMTS client supporting RTP Retransmission shall offer retransmission for all media streams containing video. The
binding used for retransmission stream to the payload type number isindicated by an rtpmap attribute. The MIME
subtype name used in the binding is "rtx". The "apt" (associated payload type) parameter shall be used to map the
retransmission payload type to the associated original payload type. The "rtx-time" payload-format-specific parameter
indicates the maximum time a sender will keep an original RTP packet in its buffers available for retransmission [140].
AnMTS client offering RTP retransmission shall specify "rtx-time" parameter.

An SDP offer/answer example showing the usage of the "apt" and "rtx-time" isincluded in Annex A.4.2c.

Bandwidth allocation for video with RTP Retransmission is discussed in clause 6.2.5.3.

6.2.3.6 Forward Error Correction (FEC)
AnMTS client should support Forward Error Correction (FEC) as specified in clause 7.4.7.

AnMTSI client supporting FEC shall offer FEC for all media streams containing video. The MIME subtype name used
for FEC stream is "flexfec". The "ssrc-group™ attribute is used to designate FEC grouping association according to
"ssrc” identifiers aong with the "FEC-FR" grouping semantics for FEC Framework. The "repair-window" parameter
indicates the time span of the source and repair packets[141] [143]. An example for FEC grouping relative to a media
lineis:

a=ssrc: 1234
a=ssrc: 2345

a=ssrc-group: FEC-FR 1234 2345

An SDP offer/answer example showing the usage of the "flexfec",
Annex A.4.2d.

repair-window" and "ssrc-group” isincluded in

Bandwidth allocation for video with FEC is discussed in clause 6.2.5.3.

6.2.4 Text

AnMTSI client should offer AVP for all media streams containing text. Only in cases where thereis an explicit demand
for the AVPF RTCP reporting timing or feedback messages AV PF shall be used. If AVPF is offered then RTP profile
negotiation shall be done as described in clause 6.2.1a.

Examples of SDP offersfor text can be found in clause A.5.

An MTSI client configured to automatically enable global text telephony (GTT), e.g. because the MTSI client is used
by a deaf or hearing-impaired person or a person wanting to communicate with such an impaired person, shall accept an
initial INVITE request for a SIP dialogue if the SDP offer does not include real time text media. It shall then send a new
SDP offer (e.g. ina SIP UPDATE request during call establishment) adding text media for real time text conversation.

NOTE: Asoneexample, incoming callsfrom aPSTN interworked by an MGCF will not contain mediafor real
time text conversation in the initial SDP offer. The new offer adding mediafor real time text conversation
enables the transport of real time text towardsthe MTSI client.
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6.2.5 Bandwidth negotiation

6.25.1 General

The SDP shall include bandwidth information for each media stream and a so for the session in total. The bandwidth
information for each media stream and for the session is defined by the Application Specific (AS) bandwidth modifier
as defined in RFC 4566 [8].

AnMTSI client in terminal should include the ‘a=bw-info’ attribute in the SDP offer. When accepting a media type
where the ‘a=bw-info’ attribute isincluded the MTSI client in termina shall include the ‘a=bw-info’ attribute in the
SDP answer if it supports the attribute. The ‘a=bw-info’ attribute and the below used bandwidth properties are defined
in clause 19.

When the ‘a=bw-info’ attribute is supported, the following bandwidth properties shall be included for each RTP
payload type in the SDP:

- Maximum Supported Bandwidth for sending direction.

- Maximum Desired Bandwidth for sending direction.

- Minimum Desired Bandwidth for sending direction.

- Minimum Supported Bandwidth for sending direction.

- Maximum Supported Bandwidth for receiving direction with the following exception:

- The b=AS bandwidth modifier indicates the bandwidth needed for the RTP payload type that requires the
highest bandwidth. The Maximum Supported Bandwidth for this RTP payload type is therefore indicated
with the b=AS bandwidth modifier and does not need to be indicated with the ‘a=bw-info’ attribute for this
RTP payload type. It is still allowed to include the ‘a=bw-info’ attribute for this RTP payload type but the
value shall then be aligned with the b=AS value when sending the SDP. When receiving the SDP,the b=AS
bandwidth modifier and the Maximum Supported Bandwidth for the receiving direction may not be aligned.
In this case, the maximum sending rate is determined as defined below.

- Maximum Desired Bandwidth for receiving direction.
- Minimum Desired Bandwidth for receiving direction.
- Minimum Supported Bandwidth for receiving direction.
Recommended bandwidths for several codec configurations are provided in the media-specific sections.

For a media stream that has been removed by either the offerer or answerer, the inclusion of bandwidth information is
optional. Thisisin accordance with clause 8.2 of RFC 3264 [58].

SDP examples incorporating bandwidth modifiers are shown in annex A. SDP examples using the ‘a=bw-info’ attribute
are shown in annex A.6.3.

When an MTSI client in terminal receives an SDP offer or answer it shall determine the maximum sending rate for the
selected codec by selecting the smallest of the following:

- the bandwidth value, if the b=AS parameter was included in the received SDP offer or answer
- the Maximum Supported Bandwidth for the receiving direction, if included in the received SDP

- the preconfigured datarate for the selected codec, if the MTSI client has been preconfigured by the operator to
use aparticular data rate for the selected codec

- the maximum data rate for the selected codec as determined by examining the codec information (e.g., codec,
mode, profile, level) and any other mediainformation (e.g., ptime and maxptime) included in the received SDP
offer or answer. This maximum datarate is determined assuming no extra bandwidth is allowed for redundancy.

The maximum sending rate may be further updated by the MTSI client in terminal based on receiving an indication of
the granted QoS (see clause 6.2.7).
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The MTSI client in terminal shall not transmit at a rate above the maximum sending rate. For speech, the MTSI client
should transmit using the codec mode with the highest data rate allowed by the maximum sending rate, except if limited
to alower codec mode by the initial codec mode procedures (see clause 7.5.2.1.6) or by the adaptation procedures (see
clause 10.2).

The MTSI client in terminal should support access network bitrate recommendation (ANBR, see clause 10.7). SDP
offer/answer re-negotiation shall not be used as a replacement for dynamic media bitrate adaptation. ANBR contains
information on short-term bandwidth and SDP offer/answer re-negotiations should be avoided or minimized since they
consume network resources. Therefore, SDP offer/answer re-negotiation (e.g. in SIP UPDATE) shall not be initiated
based on ANBR information other than in the following cases:

If;

The received ANBR from the access network is below the established GBR; and

The received ANBR cannot be supported by any of the negotiated codec configurations; and
Potentially increased loss and/or delay due to not lowering the bitrate are not acceptable; and

The MTSI client in terminal supports one or more codec configurations that supports the received ANBR; and

a > w0 NP

ANBR messages with values meeting al conditionsin 1-4 above are received consistently for an extensive
period of time (e.g. 5 seconds or more, see also clause 10.7.2)

then the MTSI client in terminal:

- may re-negotiate the session
- Toswitch to a codec or codec configuration that can support the lower bitrate in the ANBR (if any); and/or
- Toreduce the number of used RTP streams (e.g. turning off the affected media); and

- If the session re-negotiation fails, shall not initiate further re-negotiation based on ANBR for that bearer in the
session.

For video, if:
- TMMBR/TMMBN are not supported in the session; and

- For an extensive period of time (e.g. 5 seconds), the MTSI client in terminal consistently receives ANBR
messages with values significantly below the video bitrate sent (as estimated by the receiving MTSI client in
terminal) from the remote peer

Then the MTSI client in terminal may re-negotiate the session:

- Toset the session bitrate for video (see clause 6.2.5) to a value corresponding to the minimum of the received
ANBR and GBR (if > 0); or

- Toturn video off

NOTE 1: An ANBR below GBR does not change the GBR semantics in any way. GBR is defined as a guarantee
that for a packet stream not exceeding the GBR, 98 percent of the packets do not experience a delay
exceeding the QCI’ s Packet Delay Budget (see clause 6.1.7.2 of 3GPP TS 23.303 [90]). Temporarily
reducing bitrate below GBR to comply with an ANBR can increase the probability that |oss and/or delay
can be kept within the bounds set by the used QCI.

NOTE 2: For GBR=MBR bearers, an ANBR below the GBR can frequently be supported by the negotiated codec
configuration.

NOTE 3: For GBR<MBR bearers, an ANBR below the GBR can typically not be supported by the negotiated
codec configuration.

NOTE 4: If the above conditions are not met, the MTSI client in terminal will ignore ANBR values below the GBR
(see dso clause 10.7.2).
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6.2.5.2 Speech

If an MTSI client includesan AMR or AMR-WB mode-set, or EV'S Primary mode br or br-recv parameter in the SDP
offer or answer, the MTSI client shall set the b=AS parameter to a value matching the maximum codec mode in the
mode-set or the highest bit-rate in the br or br-recv, the packetization time (ptime), and the intended redundancy level.
For example, b=AS for AMR-WB at IPv6 should be set to 38 if mode-set includes {6.60, 8.85, 12.65}, the
packetization timeis 20, and if no extra bandwidth is allocated for redundancy. Likewise, b=AS for EV S Primary mode
at |Pv4 should be set to 42 if br=7.2-24.4, the packetization is header-full payload format, ptime=20, and no extra
bandwidth is alocated for redundancy.

If an MTSI client does not include an AMR or AMR-WB mode-set, or EV'S Primary mode br or br-recv parameter in
the SDP offer or answer, the MTSI client shall set the b=AS parameter in the SDP to a value matching the highest
AMR/AMR-WB mode, i.e., AMR 12.2 and AMR-WB 23.85, or the highest hit-rate of EV S Primary mode depending
on negotiated bandwidth(s), i.e., EVS 24.4 for NB and EVS 128 for WB, SWB and FB, respectively.

NOTE 1: When no mode-set is defined, then this should be understood as that the offerer or answerer is capable of
sending and receiving all codec modes of AMR or AMR-WB. An MTSI client in terminal will not
include the mode-set parameter in SDP offer in theinitial offer-answer negotiation. See Clause 6.2.2.2,
Tables 6.1 and 6.2. It is however expected that the mode-set is defined when an SDP offer isreceived
froman MTSI MGW inter-working with CS GERAN/UTRAN, see Clause 6.2.2.3, Table 6.5.

The bandwidth to use for b=AS for AMR and AMR-WB, and EV'S Primary mode should be computed as shown in
Annexes K and Q respectively. Tables 6.7 and 6.8 shows the bandwidth for the respective AMR and AMR-WB codec
when the packetization time is 20 and no extra bandwidth is allocated for redundancy. The b=AS value is computed
without taking statistical variations, e.g., the effects of DTX, into account. Such variations can be considered in the
scheduling and call admission control. Detailed procedures to compute b=AS of AMR and AMR-WB, and EVS
Primary mode can be found in Annexes K and Q.

NOTE 2: For any payload format, b=AS of EV'S Primary mode at 5.9 kbps source controlled variable bit-rate (SC-
VBR) coding is computed as the b=AS of its highest component bit-rate, 8 kbps.

NOTE 3: b=AS of EVS AMR-WB |0 mode can be computed as in the octet-aligned payload format of AMR-WB
as shown in Annex K.

b=AS of EV S shall be equal to the maximum of b=AS of the highest included EV S primary mode and b=AS of the
highest included EVS AMR-WB 10 mode, regardless of the presence and configuration of evs-mode-switch.

Table 6.7: b=AS for each codec mode of AMR when ptime is 20

Codec mode

Payload format
475 | 5.15 5.9 6.7 7.4 7.95 | 102 | 12.2
Bandwidth- 1Pv4 22 22 23 24 24 25 27 29
efficient IPv6 30 30 31 32 32 33 35 37
Octet- IPv4 22 22 23 24 25 25 28 30
aligned IPv6 30 30 31 32 33 33 36 38

Table 6.8: b=AS for each codec mode of AMR-WB when ptime is 20

Codec Mode
Payload format
6.6 8.85 | 12.65 | 14.25 | 15.85 | 18.25 | 19.85 | 23.05 | 23.85
Bandwidth- | IPv4 24 26 30 31 33 35 37 40 41
efficient IPV6 32 34 38 39 41 43 45 48 49
Octet- IPv4 24 26 30 32 33 36 37 40 41
aligned IPV6 32 34 38 40 41 44 45 48 49

Table 6.9: b=AS for each bit-rate of EVS Primary mode when ptime is 20

Payload format Bit-rate
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7.2 8 9.6 | 132 | 164 | 244 32 48 64 96 128
IPv4 24 25 27 30 34 42 49 65 81 113 | 145

IPv6 32 33 35 38 42 50 57 73 89 121 | 153

Header-full

Tables 6.10-1 to 6.10-3 describe the setting of the bandwidth properties that should be used for the ‘a=bw-info’ attribute
for afew possible combinations of codec, codec rate, packetization schemes and redundancy levels. The Minimum
Supported Bandwidth does not prevent encoding the speech with an even lower bitrate, for example when EVSis used
inthe 5.9 kbps VBR mode or during DTX periods when SID frames are encoded with avery low bit rate and are
generated with areduced frame rate. Bit rates lower than the Minimum Supported Bandwidth may also be used when
sending DTMF. Additional combinations and corresponding bandwidth properties are found in Annex K for AMR,
AMR-WB and EVS AMR-WB IO mode and in Annex Q for EV S primary mode.

Table 6.10-1: Recommended bandwidth properties for AMR to be used with the ‘a=bw-info’ attribute
when codec modes up to 12.2 are negotiated

Parameter Assumed setting

Negotiated codec modes 4.75,5.9,7.4,12.2
Codec mode used without redundancy ~ |12.2
Codec mode used with redundancy 5.9
Payload format AMR/AMR-WB bandwidth-efficient
Minimum frame aggregation 1 frame per packet
Maximum frame aggregation 4 frames per packet
Maximum redundancy level 100%
Redundancy offset 0
IP version 6

Bandwidth property Value
Maximum Supported Bandwidth 37 (see NOTE 1)
Maximum Desired Bandwidth 37
Minimum Desired Bandwidth 31
Minimum Supported Bandwidth 13 (see NOTE 2)
NOTE 1: If redundancy is needed for higher codec modes, if additional redundancy
is needed, or if redundancy offset is needed then the Maximum Supported
Bandwidth needs to be set to a higher value.
NOTE 2: The Minimum Supported Bandwidth is calculated based on the lowest
codec rate when maximum frame aggregation is used.
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Table 6.10-2: Recommended bandwidth properties for AMR-WB to be used with the ‘a=bw-info’
attribute when codec modes up to 12.65 are negotiated

Parameter Assumed setting

Negotiated codec modes 6.6, 8.85, 12.65
Codec mode used without redundancy  |12.65
Codec mode used with redundancy 6.6
Paylo