ETSITS 126 234 vi16.1.0 (2020-10)

& =>

TECHNICAL SPECIFICATION

Universal Mobile Telecommunications System (UMTS);
LTE;

Transparent end-to-end
Packet-switched Streaming Service (PSS);
Protocols and codecs
(3GPP TS 26.234 version 16.1.0 Release 16)

H056

A GLOBAL INITIATIVE



3GPP TS 26.234 version 16.1.0 Release 16 1 ETSI TS 126 234 V16.1.0 (2020-10)

Reference
RTS/TSGS-0426234vg10

Keywords
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 2020.
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 26.234 version 16.1.0 Release 16 2 ETSI TS 126 234 V16.1.0 (2020-10)

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 26.234 version 16.1.0 Release 16 3 ETSI TS 126 234 V16.1.0 (2020-10)

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
AV TeTo = L= g oY = 01T 070] oo | OSSPSR 2
1= 11 o TSRS 9
1100 [ Tox A o] o S 9
1 o010 R 10
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 10
3 Definitions and aDbreVIBLIONS..........eceerieieese ettt sre e aesre et e teeneeeeseeeneenseseeas 15
31 D= T 0T (0] 1SR 15
3.2 F Y o] 1= V7= 0] S 15
4 VS (= 40 (=== o ] (o] U 17
5 010 oo KT 19
51 SESSION ESEAIDITISIMENT. ...ttt b b ettt e e b e sh e eb e ae bt e e e b e e e eh e bt e e e et 19
5.2 (0= 072 o] Y= (e 7= 00T SRS 19
521 (CT= 0T o SO PPSPPSN 19
522 The device capability Profile SETUCTUE..........coiiieiie e 19
523 BV oo o LU =TT =S (0] = SRR 20
5231 LT 07 SRR 20
5232 PSS DASE VOCBDUIANY .....c.ecviiieeiiiteete ettt b et b e b b neenea 20
52321 PSSCOMMON COMPONENT ...ttt sttt r e e r et e e n e r e sr e sr e ne e ne s 20
52322 SErEAMING COMPONENT .......eviueetirtieetertee ettt b et b et b e st b e bt sb e b e e b e b bt et e e eaeebe s eneees 22
5.2.3.2.3 ThreeGPFileFormat COMPONENL ..........coiiiii et ste e e et eenaesraesreenneas 29
52324 LYoo OSSPSR 31
5233 ALHDULES FrOM UAPTOT ...t bttt e e e e bt b e 31
524 Extensions to the PSS sChemMa/VOCADUIGIY .........ccvcuiiieiie ettt e 33
5241 A A0 lor= o TU = YA (= 1T 0T oS 33
5.24.2 Backward COMPALiDIlITY .........eieeiieiiece e st e e b e e e snaesneesreeneees 34
525 Signalling of profile information between client and SErVEr ... 34
526 Merging device capability PrOfilES ..o e 34
527 Profile transfer between the PSS server and the device profile SErver ... 35
53 SESSI0N SEE-UP AN COMLION ...ttt ettt b et b e bbbt b et b e bbbt eb e b 35
531 (€71 PR 35
532 LIRS S STSTS 35
5321 The 3GPP-LinK-Char NEAOEN ........c.oiieirierie ettt 35
5.3.2.2 The 3GPP-Adaptation NEALEN..........c.ocee et e st e be e teeeeeeeeneeenes 37
5.3.2.3 The Quality Of EXPErienCe NEALEIS..........oceeiiee ettt e 37
53231 Protocol initiation and tErMINGLTION ..........coiiiiirere e e e 37
53232 MELITCS TEEADACK .......veeeeeieieeee bbb ettt et sae s e e 39
5.3.233 Metrics feadbaCk OVEr HT TP ..ottt s e 39
532330 Requirements and SEMANTICS. ......c.uevririiie et 39
532331 XML Syntax for 8 QOE REPOIT ........c.ceiirieiiriirieiirie ettt sb e b s ebe s neene 40
532332 Example XML for the QOE REPOIT........c.ccoiriiriieiririeeesee e 41
5324 Video DUFFEriNG NEATEIS. ..o bbb 41
5.3.3 S D RO PRSTSRT 42
5331 LC T o1 - TSRS 42
53.3.2 AdditioNal SDP fIEIUS ..ottt sttt ettt 43
5333 The"at" and "alt-default-id" attriDULES...........ccciireiee e 45
5.3.34 The session level grouping attribute, "alt-groUp™ ........coevee e 46
5.3.35 The bit-rate adaptation support attribute, " 3GPP-Adaptation-Support” ..........ccccceevveveeceeesee e 47
5.3.3.6 The Quality of Experience support attribute, "3GPP-QOE-MELNCS" .......cocoeoeeieee e 47
5.3.3.7 The asset information attribute, "3GPP-ASSet-INfOrmation"” .............ooveeeeeeieeeeee e 47
5338 OMA-DM Configuration of QOE MELIICS........cccurueiririeiniirieisie sttt 48

ETSI



3GPP TS 26.234 version 16.1.0 Release 16 4 ETSI TS 126 234 V16.1.0 (2020-10)

5.3.3.8.0 (7 01 U PTSRRSRSN 48
53381 QOE metrics reporting management OBJECT .........oc.ciiiieiiiee e 48
53382 QOE reporting rule defiNiTiON .........ccierieeirieee bbb 53
54 IMIIME MEOIBLYPES. ..ttt h bbbt b bt h bt e b bbb bt e st b e e e st bt b e bt b e e ebe e e s ens 53
55 Extension for Fast Content Switching and SEAr-Up .........ccoeoeririininineeneer s 55
551 [T 0o [0 (o] o FEO TSR PTOU U PRURTURURPRRIN 55
552 EXIENSIONSTO RTSP L0 ...ttt ettt e bt bttt et e e et sbeeb e e e enneneen 55
5521 FNEFOOUCTION ...t e b e e b a et e e s et bt bt eh e e ae e s et e st e e e b e seeebesaeebe e e e e es 55
55.2.2 (0= o 7= o] 11 Y2 =T [ g U 55
55221 TNEFOOUCTION ...ttt b bkt sb e bt bt e aeeb et e e e e sb e e b e s bt ene e e e e e 55
55222 Definition of the " Supported” RTSP Header Field..........ooeiiiiinicereeseees s 55
55.2.3 SSRC inthe "RTP-Info" RTSP Header Field .........cocooiiiieeee e 56
55.24 Semantics Of RTSP PLAY MELNOU ......cc.oiiiieeeee ettt neen 56
553 R U o TP PSSP PT PP P USSP 57
554 Fast CONLENT SIWITCNING . .....ccuirieeiteiee e bbb et b e et sb e bbb 57
5541 100 1 1 o o PSR 57
55.4.2 "Switch-Stream” RTSP Header FIEld........c.ooiiiiiiceeeeeee s 57
5.5.4.3 Switching to new content with available SDP .........c.cccvvcieiieeee e 58
55.4.4 Switching to new content WIthOUL SDP...........ccvoii it snees 59
5545 Switching Media describDed iN ONE SDP.........cooi i esra e e e snees 59
5.5.4.6 Adding Media Components to an ONQOI NG SESSION ......c..eeieeiierieeieeeeeeeseeseesteeeeseeseesseesseesseesssssseans 60
55.4.7 Removing Media Components from an 0NgoiNG SESSION.........cecueeieerierieeiieeseeseesseesseesseesesssesseesseessees 60
5.6 Extension for Time-Shifting SUPPOIT ..o 60
5.6.1 11 0o 1 ') o USSP RRSRS 60
56.2 GENEIEl DESCIIPLION ...ttt ettt b bbb bt b s bbbt s e et e bt s b et e bt se e e ebesb e e ebesbeneeneabennenea 60
5.6.2a EXIENSIONSTO RTSP 1.0 ...ttt sttt e e e e be st eaeen e e ne e e e e e seesbeseeeseeneenseneens 61
56.3 ACCEPL-RANGES. ... e e e 61
564 Signalling Time Shifting RANGES. .......coucoiiiiii bbb bbb 61
5.6.5 Timeshift DUFfer SLalUS UPUELES.........ccvieieeiece ettt sreesne e e e nteenteenaeeraesneesnees 62
5.7 Support fOr Trick MOOE OPEIaiONS..........cceeiieieiieieeseesee e e e ee e see e sreesaeesseeseeseeeseessaeseeseensesnsesnes 63
5.8 S5 S Lo T o0 = P 63
6 Dz e (= o0 PP T PR PR PRPRPROR PR 65
6.1 Packet based NEWOIK INEEITACE ..........ooie ettt s ae e e e e es 65
6.2 RTP OVEL UDPIP.....eeee ettt ettt st st ae b e st e n e e e e s e e eeseeebesaeeaeeneeeeneeseeeeeeneeneeneeneees 65
6.2.1 (€71 PR 65
6.2.2 RTP PFOFIIES. ...ttt bbbt et b et b e s e st b st b et b e st et besb et ebe e 65
6.2.3 RTP aN0 RTCP EXEENSIONS .....otiitiitieieeeieeeies ettt etee e eeeseeseestesaeetesseeneeneeseetessessesseeneeneessessesaessesneensessens 66
6.2.3.1 RTCP eXtENUEA FEPOMS ... .eciieieeie ettt te et e st et e e teeseesseesseesseesseesseenseenseensenneesneesseesnens 66
6.2.3.2 RTCP App packet for client buffer feedback (NADU APP packet) .......cccoovevvevveieneeseeseee e 66
6.2.3.3 RTP FEIrANSIMISSION ...ttt sttt sttt bt b s et et se e e b e s bt e heese e s et e e e s e besbeebe e e ennennens 67
6.2.3.3.1 LC TS g1 - SR 67
6.2.3.3.2 U] o =T o R o = 68
6.2.3.3.3 RTCP refranSmMiSSiON FEOUESE ........c.eitereieeterteeetesteeetestee ettt se et s ssese b s e sse e sbe s e sbensesesbeseeneenes 68
6.2.334 Congestion control and usage with rate adaptation ............ccoeorireinirernee e 68
6.24 RTP PAYIOBE FOMMBLS ... .ttt ettt b et b e bbbt b et b e e et b b 68
6.2.5 Coordination Of Vide0 OFENEALION .........ccueriiere ettt e st st e e eeneese e beseeseesaesneeneeeeneas 69
6.3 L I oY= i 1 PSS 69
6.4 TrANSPOIT OF RTSP.....eeeeeete ettt b e et b e e h bt e b bt st e st bt s e et eb e s b e e eb e s b e seebeebenneneas 69
7 (00 = oSSR 70
7.1 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 70
7.2 S 0= o o OSSPSR 70
7.3 Y U [ o P 70
7.3a SYNENELIC BLUAIO ...ttt et b et h e b st b st bt b e st b e s bt eb e ne et e b e s b et nb e b 71
7.4 LY AT L= OSSR 71
74.1 General Video deCOder FEUITEIMENLS...........ceiirieertereeieete ettt se et be et se et se et see e ebesre e ebesbeneerens 71
742 Output timing and DUFFEr MOTE! ...........ooii e 71
743 TEIEVISION SENVICES. ..ottt ettt e ettt et e e e et e s teebesaeeaeeaeem e e e e eeseesaeebeeneeneeneesessessesaeeneeneeneanseses 72
74.4 e =0 0] o[ oC I IV AT = o T 72
745 360 video and 3D audio for VR (Virtual REAITY)......ccvecieiieiee ettt e 73
7451 RV T L= o TSRS 73

ETSI



3GPP TS 26.234 version 16.1.0 Release 16 5 ETSI TS 126 234 V16.1.0 (2020-10)

74511 OPEFATION POINES.......ctiietiitieetirt ettt bbb bbbt b bbb et b e et nbe b 73
74512 ProgressivVe DOWNIOAU. .......cc.ciiuirieiiriereeiet ettt bbbt b et s et enis 73
74513 S I U 74
7452 N o o TS 74
74521 OPEFATION POINES.......ctiaietiitieetest ettt bbbt bbb bt b b e st b e st sbe b 74
74522 Progressive DOWNIOA. ...........ociiiieiie ettt s sae et et eeaeessaeste e seenteeneeeneennes 74
74523 DA SH e R R R R R R e Rt R et r bt n R 74
7453 L= (o TP T PSP U PSPPSR PRPTRN 74
75 I 7= o SRS 75
7.6 = TR pr= o 0 = o o 75
7.7 VECLOE GrAPNICS ...ttt bbb bbbt b et b e e bt se e bt s b e s e eb e s e et eb e sb et eb e s b e e ebeebe e ene s 75
7.8 LIS TP PP PP PP PPPTOPPTPPRTRPRTN 75
7.9 IS 1 (5 S 75
7.10 BT o 1= 0] 02 P RSSRR 75
711 THIMEH GrAPNICS. ...ttt ettt b e bt et eb e b e bt s b e e e bt e b e e eb e e b e neeb e s b et eb e s b et eb e e b e e ebeerennene s 76
8 o= a0 L= o ] (o SRS 76
8.1 LCT= 1< - TSP P TSR PR S 76
8.2 [V L ST TSSO P PSP RPUPTRPTTSPORON 76
8.3 [V L TSSOSO PE PSSR PUPPRTPTRTRPTRON 76
9 3GPP file format (interchange format fOr MIMS) ........oouiiiiiiiiece s 76
10  Adaptation Of CONtINUOUS MEAIAL..........cciiiieiiiciieee sttt s tesre e e e be e e e stesreeaeentesrean 76
10.1 GENMETAL ...ttt bR R R R R R R R R R R R ARt R R e R Rt R Rt e n e r e 76
10.2 TN = ("0 =10 1= 1 o o SR 76
10.2.1 LiNK-TaEE ESHIMEBLION.......c.eiviiieieeiiteeee e ettt r e se et r e nn et r e r e r e r e 77
10.2.1.1 INITIBI VAIUBS. ...t b et b et e bbb 77
10.2.1.2 Regular iNfOrmMation SOUIMCES .......ccuviieeieeeeieesee st es e e e e e e s e s e sreesreesaeenteesseeneessaesseensesneesneesseesnens 77
10.2.2 TranSMiSSION BOAPLALTION .......c.eeeuiriiiet ittt b et b et b et b e bt b e n e 77
10.2.3 Signalling for client buffer FEadDBCK ..........c.ciiici e 77
10.3 I ssues with deriving adaptation information (iNfOrMative) ...........coeoeiiiiininiere s 78
R O U 1 V) 0= = o= RS PSSSR 80
111 GENMETAL ...ttt bR R R R R R R R R R R R R R b e R Rt R R e R r s 80
11.2 L@ 0] 17 0= 80
11.20 (€7 07 - O OSSOSO P PSP PPTRRPTRTON 80
11.2.1 (@e U010 g e (810 1T0] 0 8 o 11 (o 80
11.2.1.1 Default reporting FOMMIBL .........coveiie ettt e s e e re e beeneeeneeenaesneesneesanas 80
11212 XML FEPOMING FOMMBL. ... .c.eitieiieeeertiiet ettt b bbbt b et b et st 81
1122 RebUFfering duration MELTIC. ... .....oiiiieeiier e et b e et b e 82
11221 Default rePOrting FOMMIBL .......c.cceiieiiee ettt sb e e b e e b saene b b nnenea 82
11222 XML FEPOMING FOMMBL. ... ..ttt ettt bbb bbb et b e 82
11.2.3 Initial buffering dUration MELFIC. ... ....coiieiie et eb e 82
11231 Default rePOrting FOMMIBL .........cceiieiree ettt et e e b b ne b b snenea 82
11.2.3.2 DY oo 1o I e = 82
11.2.4 SUCCESSIVE 10SS Of RTP PACKELS......ccvieiieiicie sttt et e st e e teeneenneenes 82
11.24.1 Default reporting FOMMIEL .........coveiiece ettt e e et e e e sne e teeneeenaesnaesneesreenanes 82
11.2.4.2 DY oo 1o I o = 83
11.25 Frame rate dEVIBHION ........cvirieeiirereee ettt ettt e se et sn et r e et r e r e 83
11.25.1 Default reporting FOMMIEL .........coveiieie et e e s e e e s re e teeateeneeenaesneesneesaeas 83
11.252 XML FEPOMING FOMMBL. ... ..ttt b bbb st b e 83
11.2.6 0 11 o [0 o o PSS 84
11.26.1 Default rePOrting FOMMIBL .........cceiieiree ettt et e e b b ne b b snenea 84
11.26.2 XML FEPOMING FOMMBL. ... ..ttt bbb bbb et b 84
11.2.7 (@0 115 B Y1 o T 0 = O RS 84
11.2.7.1 Default reporting FOMMIEL .........coveiiece ettt e e et e e e sne e teeneeenaesnaesneesreenanes 84
11.2.7.2 DY oo 1o e = 84
11.2.8 F YL = o (SN 0o L= ol = T = (SRS 85
11.28.1 Default reporting FOMMIBL .........coveiie et e e st e s e e s re e beeaeeenseesaesneesneesanas 85
11.2.8.2 DY oo 1o e = 85
11.2.9 (O0ele [ ol 1 010 401 1o o F PSSP O SPR PSPPI 85
11291 Default rePOrting FOMMIBL .........cceiiiiieee et b e et b e saene b b nnenea 85

ETSI



3GPP TS 26.234 version 16.1.0 Release 16 6 ETSI TS 126 234 V16.1.0 (2020-10)

11.29.2 XML FEPOMING FOMMBL. ... .c.eetitiieeeirtee ettt bbbt bbbt b et sb e n e 86
11.2.10 BUFFEI SEBIUS ... ettt ettt sttt e st e e et st e aeeaeen e e e e eeseeebesaeeaeebeemeeneeneeseeseesaesseeneenseneens 86
11.2.101 Default rePOrting FOMMEL .........coeiiieereet ettt b et b e b b e se e b b ne b b nnenea 86
11.2.10.2 XML FEPOTING FOMMBL. ... ettt bbbttt b et b et eb et sb e e 86
11.3 The QOE protocol for RTSP hased FePOrTiNg ........c.coeeereirereeeesieiesie st sre b b s ere s seenens 86
1131 (=0T o SO PPSPPSN 86
11.32 MEtricSiNItiation WIth SDP .......cc.oiiiiieee et st b e e et b sbe e e e e e 87
11.33 Metrics initiation/termination With RTSP........ccoiiiii e s 88
11.34 Sending the metrics feedbaCk With RTSP........cciiiiie et e st ae e s sreenaeenre e 91
12 AdaptiVE HTTP SIrEAMING . ....eiuieiirieeeiie et eee st ee e ee et e e s e stesteeneeseeeseensesseessesseesesaessesneensensenn 92
13 Networked DOOKMEIK SEIVICE........oiiiiiiierieieee sttt sttt st sa e 92
131 T gL goTo (W 1o o BT R PR USTOSPP 92
13.2 LYol 7= T o U =T o N o NI S 93
13.2.1 L0 7= Q= (o= o = 93
13.2.2 BOOKMArK FEIITEVEL ...ttt bbbt b e sb e bttt e e e b e besbeebe e e ennenrea 93
13.2.3 BOOKMAIK GBI ELION........couieieiteiti ettt bbb s e e bt bt ea et et e e e e e sb e besbesbe e e ennennea 93
13.3 BOOKMArking USING RT SP.....cueiiiiiiesi sttt ae e s s et e et esaaestaesse e te e teensesneesneesneesseanseensenns 93
Annex A (informative): PrOLOCOIS ... et 9
s I L 94
A I8 S 102
A.21 LT 0T SRR 102
A.22 IMPlemMentation QUIAEITNES ........cciieee e ettt e et e e e eae e eaeeseenteenseenaeeneesnaesaeas 107
A221 USAQgE Of PEFSISIENT TCP ...t st e e e s e ae e e et e esae st e entesnaesaeesneanseansenns 107
A.222 DeteCting [INK @lIVENESS......c.ce ettt e s e et e s st e s se e be e teenteeneesneesneesaeenseensenns 108
G T o I S 108
A31 LT 0T SRR 108
A3.2 IMPlemMENtation QUITETTNES ........coii et b e bbb e b b e e b e sbenneneas 108
A321 MaximumM RTP PACKEL SIZE........oiuiiiiitiieiee bbbt 108
A.3.2.2 Sequence number and timestamp in the presence of NPT JUMP.....ooooiiiiiineneeeee e 109
A.323 RTCP transmiSSION INEEIVEL .......couiiuieieeerese et ettt e e st st e s e e se e e e e e neesaesbesneeneeneeneenes 109
A324 Timestamp handling after PAUSE/PLAY FEQUESIS ... ..ccuiicuieiieeeseeieeeeesaeseeseeseeesaeesaeseesneesneenseenneens 110
A.3.3 Examples of RTCP APP packets for client buffer feedback ...........ccoecveeieiie i 111
F N O o o T Y= e =T = S 112
A4l OVEIVIBWW ...ttt ettt ettt b et s et et e st e e st b e e st b e £ e s e bt £ e st b e £ e m e e be b e n e e Rt e b e n s e st e beteneebenbeneebenbe e ene 112
A.42 SCOPE Of the SPECITICALION. .....eeceeeiectirt ettt b et b et b bbb 114
A.43 The device capability Profile SLIUCTUIE..........coiiiiii bbb 114
Ad4 CCIPP V OCADUIGITES. ... ettt ettt sttt et et et e st e stesbesaeese et eneeseestesaesaeeseeneeneesesesaesaeeneeneenseneens 115
A.45 Principles of extending & SChemMa/VOCADUIAIY ..........ccciirieiiirieireeeeree e 116
A.46 Signalling of profile information between Client 8Nd SEIVES ..o e 116
A.4T Example of a PSS device capability dESCIIPLION ........covviiiiriiieirieeeree s 117
Annex B (informative): SMIL authoring QUIEliNES........ccvieeie e 119
Annex C (normative): MIME MEJIATYPES ...cviieeeieeieee ettt 120
O350 R (Voo ) RS 120
C.2 MIME Mediatype SP-MIGi .....cceiiiieiieieieieee ettt sttt b et n e e 120
C.3 MIME mediatype MODIilE-XIME........oiiiiieieieiene et 120
O (Yoo J ST 121
Annex D (nor mative): 3GP files— codecs and identifiCation ...........ccceceverineneneneseeeeeeeees 122
Annex E (normative): RTP payload format and file storage format for AMR and AMR-WB

=10 [0 | o J RSN 123
Annex F (normative): RDF schemafor the PSS base vocabulary.........ccooveeeeveeieninseeceneeen 124

ETSI



3GPP TS 26.234 version 16.1.0 Release 16 7 ETSI TS 126 234 V16.1.0 (2020-10)

Annex G (normative): BUFfEring of VIA@O........cccciiiiiiieec e 136
(€00 R 1 0110 [UTox i o o SRS 136
G.2 PSS BUFEING PaIrGIMELENS. ...ttt b b b sn et e b n e e nenn e 136
G.3 PSS Sarver DUFTENNG VEITTIEN .....oc.oiieeeeeee e en e nne s 137
G.4  PSSclient buffering rEQUIFEMENTS.........coi ettt et s reeaaesbesresreeneeneens 138
Annex H (informative): Content creator guidelinesfor the synthetic audio medium type............ 139
Annex | (informative): VOO .ttt e et e n e 140
Annex J (infor mative): Mapping of SDP parametersto UM TS QoS parameters..........cccceveereenee. 141
Annex K (normative): Void (Substituted by ANNEX R) ....ccueeiiiiiiieeceee e 142
Annex L (informative): SVG Tiny 1.2 content creation guidelings..........cccceeveveeceveceece e, 143
L.l FEBIUME ANEIYSIS. ...ttt b bbbt b bbb s e e e et n e n e n e 143
I (= o0 01010T= 0 = 0] 1 144
L.21 LT 07 USRS 144
L.2.2 RV AL 1= o= = 4o | S 144
L.221 Inclusion of the video element iN SV G CONLENL ...........ooiiiiiiireeeee e 144
L.2.2.2 TransfOrmMation Of VIAEO ........couoiiiiiieeee ettt sttt et e et e e ae e e eneeneeneas 144
L.2.3 ANIMALTON EIBMENL. ...t bbb et a e eb et et e b e seeebesaeenee e ennes 145
L.24 [V 40 o TSSO URPRTPSTTT 145
L.25 Transparency, Stroking and QradiEntS...........c.veeieieiieiiereese e e see e sre e sreesaesreesreesseenseeneens 145
L.2.6 LY 1 TP PR TSP 145
L.2.7 LI L (== T TP PR RPPTPSOPPTUPRPRURN 145
L.2.8 YV G (o]0 TP PSP TP URUPTURUSRRPTTN 145
L.29 BIEMIAI TONES ...ttt bt bt b e bt et b e bt bR bRt b b een e e ens 146
2 0 T A 1 g2 o PPN 146
L.211  Userinteraction and CONtENt NAVIGALION ..........eeruirieuiriiieesiee sttt bbb 146
I A 1 00 ) = o OSSPSR 146
Annex M (informative): Examplesfor Fast Content Switching and Start-up.......cccccceeeivenvneene. 147
M.1 Pipelined Start-Up EXAMPIES ........oo ittt st b et b e bbb neene 147
M.1.1 SUCCESSTUl PIPEITNE SEAM-UD ...veveieiteieeeeie ettt sttt st 147
M.1.2 UNSUCCESSF Ul PIPEITNEA SEAM-UD ...cviieiiieie et 147
M.2 Content SWILCh WIth SDIP...... .ottt e et ae et e s ne e e e e e ssesaesaeeneeneenseseens 148
M.2.1 Successful Content Switch with available SDP..........ccooiiiiii e 148
M.2.2 Partial successful Content Switch with available SDP ..........cccooiiiiiiiee e 149
M.2.3 Successful Content Switch with available SDP, but removal of mediacomponent ............c.cccccveceveenen. 150
M.3 Content SWItCh WItROUL SDIP.........couiiiiiie ettt b et n b sae b e e e e 151
M.3.1 Successful Content Switch without available SDP...........coiiii e 151
M.3.2 Partial successful Content Switch without available SDP ... 151
M.3.3 Partial successful Content Switch without available SDP ... 152
M.4 SEFEAM SWITCRING ...ttt b ettt a b et b bbbt 153
M.4.1 SUCCESSFUl SEFEAM SWITCN ...t st sa et e e e e e beseeereeneeneeneens 153
M.4.2 Removal of Media Components from an ongoiNg SESSION ......c.ccurueererieeresenese e 154
Annex N (informative): Recommendationsfor NAT traversal ... 155
N.1 N TN T (= g 1) o= 1 o o RS 155
N.2 N TN I = Y RS 155
Annex O (infor mative): Examplesfor PSS Timeshift ..o 156
Annex P (informative): QOoE Reporting Management Object Device Description Framework ...158
Annex Q (informative): RV o o 163
Annex R (normative): Content Protection EXIENSIONS ........ccccvveeieie e 164

ETSI



3GPP TS 26.234 version 16.1.0 Release 16 8 ETSI TS 126 234 V16.1.0 (2020-10)

R.1 Encryption and Transport of Protected PSS SIreamS.........cccoiveieiiieeiie e 164
R.1.1 OVEIVIBW ...ttt ettt sttt sttt et e s e e e st e ke saeeh e e st eme e eeee e beaeeebeemeemeeneeneebeeeeebeeneensessesesaesaeeneeneensesenns 164
R.1.2 SEIEAIM TONMBL ...ttt bt bbbt e h e st et e e se e eb e s Rt e bt eb e e aeesb e e e b e nbeeneebe e e enneneens 164
R.1.3 070 7 011 o o SR 164
R.1.3.1 [0 Tot Y/ o1 Te oI AN o o] 11 o o PR 164
R.1.3.2 Content encryption USING @SINGIE KEY .......coviiiece ettt et et enae e sneas 164
R.1.3.3 Content encryption USING @KEY SIFEAIM .......ccviiiiie ettt st e e e e s eneesnaesraesneas 165
R.1.4 RTP Transport Of ENCIYPLEA AUS.......oo ettt ettt te e s s ae e sneenteeneeenaesneennaesnnas 165
R.1.5 RTSP Signalling for key stream (STKM) Setup and CONEION ...........ccviiriiiririeineneereese s 165
R.1.51 RTSP SETUP MELNOM .......cciieiiei ettt sttt et e e atesaeesbeesaeentesaeesaeasaeenbeenteens 165
R.1.5.2 RTSPPLAY, PAUSE and TEARDOWN MENOU.......ccooiiiiiiiicieceecteeeete ettt sreere s 165
S B 1S o 0= 1] oo ST 166
R.3  Enforcement of permisSsions and CONSITAINLS. ........ccouiirrireniereiee st 166
R.4  Mapping to DRM systems (INfOMMBELIVE) .........ceceiierieriieiesieeiesesee s ee e eee e sree e eeesneeeeseeseenns 166
R.4.1 Mapping to OMA DRM 2.0 (INfOFMBELIVE) ........ccueeeririiieririeieeriese et snene e 166
R.4.2 Mapping to OMA DRM 2.1 (INfOIMBELIVE) ........ccueeeririiieterieieiest ettt 166
Annex S (normative): MIME Type REQISIIatiONS ......ceeiiiiriiiiesiesiesiesiee et 167
S1 MIME Type Registration for Media Presentation DeSCIiptioN ..........ccoveerirenenerenenee e seseseseseneens 167
Annex T (normative): XML Schemafor NetworkedBookmark..........ccccoereieneienienenencnesee 169
Annex U (informative): IANA registration information for SDP attributes............ccccoeerivnirienne. 171
L0 10t R 11 0o o £ o o SR 171
U.2  3GPP-framePackingLyPe ........ccoucuiiiiiiiiiirieicisese s 171
Annex V (informative): ChangE hiStOrY .....ccuoiieeece e et e 172
[ 11 0] YT S TP TP PRPOPPTO 177

ETSI



3GPP TS 26.234 version 16.1.0 Release 16 9 ETSI TS 126 234 V16.1.0 (2020-10)

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 specification;

The 3GPP transparent end-to-end packet-switched streaming service (PSS) specification consists of seven 3GPP TSs:
3GPPTS22.233[1], 3GPP TS 26.233[2], 3GPP TS 26.244 [50], 3GPP TS 26.245 [51], 3GPP TS 26.246 [52], 3GPP
TS26.247 [112] and the present document.

The TS 22.233 contains the service requirements for the PSS. The TS 26.233 provides an overview of the PSS. The TS
26.244 defines the 3GPP file format (3GP) used by the PSS and MMS services. The TS 26.245 defines the Timed text
format used by the PSS and MM S services. The TS 26.247 defines 3GPP Progressive Download and Dynamic Adaptive
Streaming over HTTP (3GP-DASH). The present document provides the details of the protocols and codecs used by the
PSS.

The TS 26.244 and TS 26.245 start with Release 6. Earlier rel eases of the 3GPP file format and the Timed text format
can befound in TS 26.234. The TS 26.247 starts with Release 10. Earlier releases of the 3GPP Download and Adaptive
Streaming over HTTP can befound in TS 26.234.

Introduction

Streaming refersto the ability of an application to play synchronised media streams like audio and video streamsin a
continuous way while those streams are being transmitted to the client over a data network.

Applications, which can be built on top of streaming services, can be classified into on-demand and live information
delivery applications. Examples of the first category are music and news-on-demand applications. Live delivery of radio
and television programs are examples of the second category.

The 3GPP PSS provides a framework for Internet Protocol (1P) based streaming applications in 3G networks.
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1 Scope

The present document specifies the protocols and codecs for the PSS within the 3GPP system. Protocols for control
signalling, capability exchange, media transport, rate adaptation and protection are specified. Codecs for speech, natural
and synthetic audio, video, still images, bitmap graphics, vector graphics, timed text, text, 360/VR video and 3D/VR
audio are specified.

The present document is applicable to | P-based packet-switched networks.

2 References

The following documents contain provisions which, through reference in this text, 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
a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same
Release as the present document.

[1] 3GPP TS 22.233: "Transparent End-to-End Packet-switched Streaming Service; Stage 1".

[2] 3GPP TS 26.233: "Transparent end-to-end packet switched streaming service (PSS); General
description”.

[3] 3GPP TR 21.905: "Vocabulary for 3GPP Specifications'.

[4] (void)

[5] IETF RFC 2326: "Real Time Streaming Protocol (RTSP)", Schulzrinne H., Rao A. and Lanphier
R., April 1998.

[6] IETF RFC 4566: " SDP: Session Description Protocol”, Handley M., Jacobson V. and Perkins C.,
July 2006.

[7] IETF STD 0006: "User Datagram Protocol”, Postel J., August 1980.

[8] IETF STD 0007: "Transmission Control Protocol”, Postel J., September 1981.

[9] IETF RFC 3550: "RTP: A Transport Protocol for Real-Time Applications’, Schulzrinne H. et al.,
July 2003.

[10] IETF RFC 3551: "RTP Profile for Audio and Video Conferences with Minimal Control*,
Schulzrinne H. and Casner S., July 2003.

[11] IETF RFC 4867: "RTP Payload Format and File Storage Format for the Adaptive Multi-Rate
(AMR) Adaptive Multi-Rate Wideband (AMR-WB) Audio Codecs’, Sjoberg J. et a., April 2007.

[12] (void)

[13] (void)

[14] (void)

[15] IETF RFC 2046: "Multipurpose Internet Mail Extensions (MIME) Part Two: Media Types', Freed
N. and Borenstein N., November 1996.

[16] IETF RFC 3236: "The 'application/xhtml+xml* Media Type", Baker M. and Stark P., January
2002.
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IETF RFC 2616: "Hypertext Transfer Protocol — HTTP/1.1", Fielding R. et al., June 1999.

3GPP TS 26.071: "Mandatory Speech CODEC speech processing functions; AMR Speech
CODEC; Genera description”.

(void)
3GPP TS 26.171: "AMR Wideband Speech Codec; General Description”.

I SO/IEC 14496-3:2005: "I nformation technology — Coding of audio-visual objects — Part 3:
Audio".

(void)
(void)

I SO/IEC 14496-2:2004: "Information technology — Coding of audio-visual objects— Part 2:
Visual".

(void)

ITU-T Recommendation T.81 (1992) | ISO/IEC 10918-1:1993: "Information technology — Digital
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C-Cube Microsystems: " JPEG File Interchange Format", Version 1.02, September 1, 1992.
(void)
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(UCS) — Part 1: Architecture and Basic Multilingual Plane".

IETF RFC 3629: "UTF-8, atransformation format of 1SO 10646", F. Y ergeau, November 2003.
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1990.
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IETF RFC 2083: "PNG (Portable Networks Graphics) Specification Version 1.0", Boutell T., et
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W3C Recommendation: " Composite Capability/Preference Profiles (CC/PP): Structure and
Vocabularies 1.0", http://www.w3.0rg/TR/2004/REC-CCPP-struct-vocab-20040115/, January
2004.
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W3C Last Call Working Draft: " Scalable Vector Graphics (SVG) 1.2",
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3 Definitions and abbreviations

3.1 Definitions

For the purposes of the present document, the following terms and definitions apply:
continuous media: mediawith an inherent notion of time. In the present document speech, audio, video, timed text

discrete media: mediathat itself does not contain an element of time. In the present document all media not defined as
continuous media

device capability description: adescription of device capabilities and/or user preferences. Contains a number of
capability attributes

device capability profile: same as device capability description

frame-packed stereoscopic 3D video: avideo consisting of two viewsin which both views were packed into asingle
stream before compression

http-URL: a URL with afixed scheme of "http://" or "https.//"

kilobits: 1000 bits

kilobytes: 1024 bytes

media presentation: astructured collection of datathat is accessible to the HT TP-Streaming Client

media presentation description (M PD): contains information required by the HTTP-Streaming Client to access
Segments and to provide the streaming service to the user

multiview stereoscopic 3D video: avideo consisting of two views packed into a single stream during compression

presentation description: contains information about one or more media streams within a presentation, such as the set
of encodings, network addresses and information about the content

PSS client: client for the 3GPP packet switched streaming service based on the IETF RTSP/SDP and/or HTTP
standards, with possible additional 3GPP requirements according to the present document

PSS server: server for the 3GPP packet switched streaming service based on the IETF RTSP/SDP and/or HTTP
standards, with possible additional 3GPP requirements according to the present document

scene description: description of the spatial layout and temporal behaviour of a presentation. It can also contain
hyperlinks

stereoscopic 3D video: avideo bitstream consisting of two views

3.2 Abbreviations

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

3GP 3GPP file format

AAC Advanced Audio Coding

ADU Application Data Unit

AVC Advanced Video Coding

CC/PP Composite Capability / Preference Profiles
CPB Coding Picture Buffer

CVvO Coordination of Video Orientation

DCT Discrete Cosine Transform

DLS Downloadable Sounds

DRM Digital Rights Management

Enhanced aacPlus MPEG-4 High Efficiency AAC plus MPEG-4 Parametric Stereo
GIF Graphics Interchange Format
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HDR High Dynamic Range

HDTV High-Definition TeleVision

HEVC High Efficiency Video Coding

HTML Hyper Text Markup Language

HTTP Hypertext Transfer Protocol

HTTPS Hypertext Transfer Protocol Secure
IDR I nstantaneous Decoding Refresh
ITU-T International Telecommunications Union — Telecommunications
JFIF JPEG File Interchange Format

MIDI Musical Instrument Digital Interface
MIME Multipurpose Internet Mail Extensions
MMS Multimedia Messaging Service

MPD Media Presentation Description
MPEG-2 TS Moving Picture Experts Group Transport Stream
NADU Next Application Data Unit

OMA Open Mobile Alliance

PDCF Packetized DRM Content Format
PNG Portable Networks Graphics

PSS Packet-switched Streaming Service
QCIF Quarter Common Intermediate Format
RAP Random Access Point

RDF Resource Description Framework
RFC Request For Comments

RTCP RTP Control Protocol

RTP Real-time Transport Protocol

RTSP Real-Time Streaming Protocol

SBR Spectral Band Replication

SDP Session Description Protocol

SP-MIDI Scalable Polyphony MIDI

SPS Sequence Parameter Set

SRTP Secure Real-time Transport Protocol
SVG Scalable Vector Graphics

TV Television

UAProf User Agent Profile

UCs-2 Universal Character Set (the two octet form)
UHD Ultra High Definition

URI Uniform Resource Identifier

URL Uniform Resource Locator

UTC Universal Time Coordinated

UTF-8 Unicode Transformation Format (the 8-bit form)
VCL Video Coding Layer

VPS Video Parameter Set

VR Virtual Reality

W3C WWW Consortium

WML Wireless Markup Language

XMF eXtensible Music Format

XML eXtensible Markup Language
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Figure 1: Functional components of a PSS client
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Figure 1 shows the functional components of a PSS client. Figure 2 gives an overview of the protocol stack used in a
PSS client and also shows a more detailed view of the packet based network interface. The functional components can
be divided into control, scene description, media codecs and the transport of media and control data.

The control related elements are session establishment, capability exchange and session control (see clause 5).

- Session establishment refers to methods to invoke a PSS session from a browser or directly by entering an URL
in the terminal's user interface.

- Capability exchange enables choice or adaptation of media streams depending on different terminal capabilities.

- Session control deals with the set-up of the individual media streams between a PSS client and one or several
PSS servers. It also enables control of the individual media streams by the user. It may involve VCR-like
presentation control functions like start, pause, fast forward and stop of a media presentation.

The scene description consists of spatial layout and a description of the temporal relation between different media that
isincluded in the media presentation. The first gives the layout of different media components on the screen and the
latter controls the synchronisation of the different media (see clause 8).

The PSS includes media codecs for video, till images, vector graphics, bitmap graphics, text, timed text, natural and
synthetic audio, and speech (see clause 7).

Transport of mediaand control data consists of the encapsulation of the coded media and control data in a transport
protocol (see clause 6). Thisis shownin figure 1 as the "packet based network interface” and displayed in more detail in
the protocol stack of figure 2.

Capability exchange
Scene description
Video Presentation description
Audio Stillimages Capability exchange
Speech Bitmap graphics Presentation description
Timed Text Vector graphics
Scene description Text
Timed Text
Synthetic audio
3GP File
RTP Payload Formats Format
RTSP
RTP HTTP
UDP TCP UDP
IP

Figure 2: Overview of the protocol stack

The delivery of media over HTTP provides an aternative delivery mechanism to the RTSP/RTP based media delivery.

HTTP Progressive download and Dynamic Adaptive Streaming over HTTP (3GP-DASH) are described in 3GPP TS
26.247 [112].
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5 Protocols

5.1 Session establishment

Session establishment refers to the method by which a PSS client obtains theinitial session description. The initial
session description can e.g. be a presentation description, a scene description or just an URL to the content.

A PSS client shall support initial session descriptions specified in one of the following formats: SDP, or plain RTSP
URL.

In addition to rtsp:// the PSS client shall support URLs[60] to valid initial session descriptions starting with file:// (for
locally stored files) and http:// (for presentation descriptions or scene descriptions delivered viaHTTP).

Example for valid inputs to a PSS client: rtsp://example.com/morning_news.

URLSs can be made available to a PSS client in many different ways. It is out of the scope of this specification to
mandate any specific mechanism. However, an application using the 3GPP PSS shall at least support URLs of the
above type, specified or selected by the user.

The preferred way would be to embed URL s to initial session descriptions within HTML or WML pages. Browser
applications that support the HTTP protocol could then download theinitial session description and pass the content to
the PSS client for further processing. How exactly thisis done is an implementation specific issue and out of the scope
of this specification.

As an dternative to conventional streaming, a PSS client should also support progressive download of 3GP files [50]
delivered viaHTTP or the Dynamic Adaptive Streaming over HTTP as defined in 3GPP TS 26.247 [112]. Session
Establishment for Progressive Download Dynamic Adaptive Streaming over HTTP as defined in 3GPP TS 26.247
[112], clause 5.

5.2 Capability exchange

521 General

Capahility exchange is an important functionality in the PSS. It enables PSS serversto provide a wide range of devices
with content suitable for the particular device in question. Another very important task isto provide a smooth transition
between different releases of PSS. Therefore, PSS clients and servers should support capability exchange.

The specification of capability exchange for PSSis divided into two parts. The normative part contained in clause 5.2
and an informative part in clause A.4 in Annex A of the present document. The normative part gives all the necessary
requirements that a client or server shall conform to when implementing capability exchange in the PSS. The
informative part provides additional important information for understanding the concept and usage of the functionality.
It isrecommended to read clause A.4 in Annex A before continuing with clauses 5.2.2-5.2.7.

5.2.2 The device capability profile structure

A device capability profileis an RDF [41] document that follows the structure of the CC/PP framework [39] and the
CC/PP application UAProf [40]. Attributes are used to specify device capabilities and preferences. A set of attribute
names, permissible values and semantics constitute a CC/PP vocabulary, which is defined by an RDF schema. For PSS,
the UAProf vocabulary is reused and an additional PSS specific vocabulary is defined. The details can be found in
clause 5.2.3. The syntax of the attributes is defined in the vocabulary schema, but a so, to some extent, the semantics. A
PSS device capability profile is an instance of the schema (UAProf and/or the PSS specific schema) and shall follow the
rules governing the formation of a profile given in the CC/PP specification [39]. The profile schema shall also be
governed by the rules defined in UAProf [40] chapter 7, 7.1, 7.3 and 7.4.
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523 Vocabularies for PSS

5.23.1 General
Clause 5.2.3 specifies the attribute vocabul aries to be used by the PSS capability exchange.

PSS servers supporting capability exchange shall support the attributesin the four PSS components of the PSS base
vocabulary. PSS servers should also support the recommended attributes from the UAProf vocabulary [40]. A server
may additionally support other UAProf attributes.

5.2.3.2 PSS base vocabulary

The PSS base vocabulary contains three components called " PssCommon”, " Streaming” and " ThreeGPFileFormat". The
division of the vocabulary into these components is motivated by the fact that the PSS contains the following different
base applications:

- pure RTSP/RTP-based streaming, HT TP-based streaming and progressive download, or both (described by the
Streaming component);

- 3GPfile download or progressive download (described by the ThreeGPFileFormat component).

The last application can consist of downloadable images, text, etc., as well as RTSP/RTP streaming and downloadable
3GP files. Capabilities that are common to al PSS applications are described by the PssCommon component. The three
base applications are distinguished from each other by the source of synchronization: for pure streaming it is RTP, for
3GP filesit isinherit in the 3GP file format.

The PSS base vocabulary is an extension to UAProf and is defined as an RDF schemain Annex F. Together with the
description of the attributes in the present clause, it defines the vocabulary. The vocabulary is associated with an XML
namespace, which combines a base URI with alocal XML element name to yield an URI. Annex F provides the details.

The PSS specific components contain a number of attributes expressing capabilities. The following subclauses list al
attributes for each component.

5.2.3.2.1 PssCommon component
Attribute name:  AudioChannels
Attribute definition: This attribute describes the stereophonic capability of the natural audio device.
Component: PssCommon
Type: Litera

Lega values:  "Mono", "Stereo"
Resolution rule:  Locked

EXAMPLE: <Audi oChannel s>Mono</ Audi oChannel s>

Attribute name: M axPolyphony

Attribute definition: The MaxPolyphony attribute refers to the maximal polyphony that the synthetic audio device
supports as defined in [44].

NOTE: The MaxPolyphony attribute is used to signal the maximum polyphony capabilities supported by the PSS
client. Thisis a complementary mechanism for the delivery of compatible SP-MIDI content and thus by
setting the MaxPolyphony attribute the PSS client is required to support Scalable Polyphony MIDI i.e.
Channel Masking defined in [44].

Component: PssCommon

Type: Number
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Legal values: Integer between 5 and 24
Resolutionrule: Locked

EXAMPLE: <MaxPol yphony>8</ MaxPol yphony>

Attribute name: NumOfGM 1Voices

Attribute definition: The NumOfGM 1V oices attribute refers to the maximum number of simultaneous GM 1 voices
that the synthetic audio engine supports.

Component: PssCommon

Type: Number

Lega values: Integer greater or equal than 5
Resolution rule:  Locked

EXAMPLE: <NurmOf GM Voi ces>24</ NumOf GM Voi ces>

Attribute name:  NumOfM obileDL SV oicesWithoutOptional Blocks

Attribute definition: The NumOfM obileDL SV oicesWithoutOptional Blocks attribute refers to the maximum number
of simultaneous Mobile DLS[70Q] voices without optional group of processing blocks that the
synthetic audio engine supports.

Component: PssCommon

Type: Number

Lega values: Integer greater or equal than 5

Resolution rule:  Locked

EXAMPLE: <NunOf Mobi | eDLSVoi cesW t hout Opt i onal Bl ocks>24
</ NumOX Mobi | eDLSVoi cesW t hout Opt i onal Bl ocks>

Attribute name:  NumOfM obileDL SV oicesWithOptional Blocks

Attribute definition: The NumOfM obileDL SV oicesWithOptional Blocks attribute refers to the maximum number of
simultaneous Mobile DL S voices with optional group of processing blocks that the synthetic
audio engine supports. This attribute is set to zero for devices that do not support the optional
group of processing blocks.

Component: PssCommon

Type: Number

Lega values: Integer greater than or equal to 0

Resolution rule:  Locked

EXAMPLE: <NunOf Mobi | eDLSVoi cesW t hOpt i onal Bl ocks>24
</ NumX Mobi | eDLSVoi cesW t hOpt i onal Bl ocks>

Attribute name: PssVersion

Attribute definition: Latest PSS version supported by the client.

Component: PssCommon

Type: Literal
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Lega values: "3GPP-R4", "3GPP-R5", "3GPP-R6", "3GPP-R7", "3GPP-R8", "3GPP-R9" and so forth.
Resolution rule: Locked

EXAMPLE: <PssVer si on>3GPP- R6</ PssVer si on>

Attribute name: RenderingScreenSize

Attribute definition: The rendering size of the device' s screen in unit of pixels available for PSS media presentation.
The horizontal size is given followed by the vertical size.

Component: PssCommon
Type: Dimension
Lega values: Two integer values equal or greater than zero. A value equal "0x0"means that there exists no

possibility to render visual PSS presentations.
Resolutionrule: Locked

EXAMPLE: <Render i ngScr eenSi ze>70x15</ Render i ngScr eenSi ze>

Attribute name: RenderingScreenSizeMm

Attribute definition: The rendering size of the device' s screen in unit of millimetres available for PSS media
presentation. The horizontal size is given followed by the vertical size.

Component: PssCommon
Type: Dimension
Lega values: Two floating values equal or greater than zero. A value equal "0.0x0.0"means that there exists

no possibility to render visual PSS media presentations.
Resolutionrule: Locked

EXAMPLE: < Render i ngScr eenSi zeMm >110. 5x56. 0</ Render i ngScr eenSi zeM»

5.2.3.2.2 Streaming component
Attribute name:  StreamingM ethod

Attribute definition: List of streaming methods supported by the PSS application. The client may support RTP
streaming, HT TP streaming, Progressive Download, or all.

Component: Streaming

Type: Literal (Bag)

Legal values: "RTP","HTTP", "Progressive"
Resolution rule:  Append

EXAMPLE: <StreamingM ethod>
<rdf:Bag>
<rdf:li>RTP</rdf:1i>
<rdf:li>HTTP</rdf:li>
</rdf:Bag>
</StreamingM ethod>

Attribute name:  StreamingAccept
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Attribute definition: List of content types (MIME types) relevant for streaming over RTP or HTTP supported by the
PSS application. Content types listed shall be possible to stream over RTP. For each content
type a set of MIME parameters can be specified to signal receiver capabilities. A content type
that supports multiple parameter sets may occur several timesin thelist.

Component: Streaming

Type: Literal (Bag)

Legd values: List of MIME types with related parameters.
Resolution rule:  Append

EXAMPLE: <Str eam ngAccept >
<r df : Bag>
<rdf:li>audi of AMR-WB+</rdf: 1i>
<rdf:li>video/ H264; profile-Ilevel-id=42e00a</rdf:Ii>
<rdf:li>video/richmedi atxm ; Version-profile=10</rdf:Ili>
</ rdf: Bag>
</ St r eam ngAccept >

Attribute name:  StreamingAccept-Subset

Attribute definition: List of content types for which the PSS application supports a subset. MIME types can in most
cases effectively be used to express variationsin support for different mediatypes. Many
MIME types, e.g. AMR-WB have several parameters that can be used for this purpose. There
may exist content types for which the PSS application only supports a subset and this subset
cannot be expressed with MIME-type parameters. In these cases the attribute
StreamingAccept-Subset is used to describe support for a subset of a specific content type. If a
subset of a specific content type is declared in StreamingA ccept-Subset, this means that
StreamingA ccept-Subset has precedence over StreamingA ccept. StreamingAccept shall always
include the corresponding content types for which StreamingA ccept-Subset specifies subsets
of.

Subset identifiers and corresponding semantics shall only be defined by the TSG responsible
for the present document.

Component: Streaming
Type: Literal (Bag)
Lega values: No subsets defined.

Resolution rule:  Append

Attribute name:  StreamingFramePackingFor matsRTP

Attribute definition: List of supported frame packing formats relevant for streaming of stereoscopic 3D video over
RTP supported by the PSS application. The frame packing formats within scope for
stereoscopic 3D video are defined in Table D-8 of [90].

Component: Streaming
Type: Literal (Bag)
Legal values: List of integer values corresponding to the supported frame packing formats. The integer

values shall correspond to the ‘Value' column as specified in Table D-8 of [90] and be
interpreted according to the ‘ Interpretation’ column in the same table.

Resolution rule:  Append
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EXAMPLE: <StreamingFramePackingFormatsRT P>
<rdf:Bag>
<rdf:li>3</rdf:li>
<rdf:li>4</rdf:li>
</rdf:Bag>
</StreamingFramePackingFormatsRTP>

Attribute name:  StreamingFramePackingFormatsHTTP

Attribute definition: List of supported frame packing formats relevant for streaming of stereoscopic 3D video over
HTTP supported by the PSS application. The frame packing formats within scope for
stereoscopic 3D video are defined in Table D-8 of [90].

Component: Streaming
Type: Literal (Bag)
Legal values: List of integer values corresponding to the supported frame packing formats. The integer

values shall correspond to the ‘Value' column as specified in Table D-8 of [90] and be
interpreted according to the ‘ Interpretation’ column in the same table.

Resolution rule:  Append

EXAMPLE: <StreamingFramePackingFormatsHTTP>
<rdf:Bag>
<rdf:li>3</rdf:li>
<rdf:li>4</rdf:li>
</rdf:Bag>
</StreamingFramePackingFormatsHTTP>

Attribute name:  StreamingCVOCapable

Attribute definition: Indicates whether the client is a CV O capable receiver of RTP streams, i.e. provided that the
video orientation information for the delivered content is communicated to the client in an RTP
extension header as specified in clause 6.2.5 (corresponding to ur n: 3gpp: vi deo-
ori entati on), the client can interpret the video orientation and align the video correctly for
rendering/display purposes. If this attribute is reported and the
StreamingHighGranularityCV OCapable attribute is reported asa Y es', then the value of this
attribute shall bea"Yes".

Component: Streaming
Type: Literal

Lega values:  "Yes', "No"
Resolution rule: Locked

EXAMPLE: <St r eami ngCVQCapabl e>Yes</ St r eani ngCVOCapabl e>

Attribute name: StreamingHighGranularityCVOCapable

Attribute definition: Indicates whether the client is a Higher Granularity CV O capable receiver of RTP streams, i.e.
provided that the video orientation information of the delivered content is communicated to the
client in an RTP extension header as specified in clause 6.2.5 (corresponding to
ur n: 3GPP: vi deo- ori ent at i on: 6), the client can interpret the video orientation and align the
video correctly for rendering/display purposes.

Component: Streaming
Type: Literal
Lega values:  "Yes',"No"
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Resolution rule: Locked

EXAMPLE: <St r eanmi ngHi ghGr anul ar i t yCVOCapabl e>Yes</ St r eani ngHi ghGr anul ar i t yCVOCapabl e>

Attribute name:  ThreeGPPLinkChar

Attribute definition: Indicates whether the device supports the 3GPP-Link-Char header according to clause 10.2.1.1.
Component: Streaming

Type: Literal

Legal values: "Yes',"No"

Resolution rule: Override

EXAMPLE: <Thr eeGPPLI nkChar >Yes</ Thr eeGPPLi nkChar >

Attribute name: AdaptationSupport

Attribute definition: Indicates whether the device supports client buffer feedback signaling according to clause
10.2.3.

Component: Streaming
Type: Literal

Legal values: "Yes',"No"
Resolution rule:  Locked

EXAMPLE: <Adapt at i onSupport >Yes</ Adapt at i onSupport >

Attribute name: QOESupport

Attribute definition: Indicates whether the device supports QoE signaling according to clauses 5.3.2.3, 5.3.3.6, and
11 in case of RTSP/RTP-based streaming or according to clause 10 of 3GPP TS 26.247 [112] in
case of HTTP-based streaming and progressive download.

Component: Streaming
Type: Litera
Legal values:  "Yes',"No"
Resolution rule:  Locked

EXAMPLE: <QoESupport >Yes</ QoESuppor t >

Attribute name: ExtendedRtcpReports

Attribute definition: Indicates whether the device supports extended RTCP reports according to clause 6.2.3.1.
Component: Streaming

Type: Litera

Lega values: "Yes',"No"

Resolution rule:  Locked

EXAMPLE: <Ext endedRt cpRepor t s>Yes</ Ext endedRt cpReport s>
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Attribute name:  RtpRetransmission

Attribute definition: Indicates whether the device supports RTP retransmission according to clause 6.2.3.3.
Component: Streaming

Type: Literal

Lega values:  "Yes', "No"

Resolution rule:  Locked

EXAMPLE: <Rt pRet r ansni ssi on>Yes</ Rt pRet r ansmi ssi on>

Attribute name: M ediaAlternatives

Attribute definition: Indicates whether the device interprets the SDP attributes "alt”, "alt-default-id", and "alt-
group”, defined in clauses 5.3.3.3 and 5.3.3.4.

Component: Streaming
Type: Literal

Legal values: "Yes',"No"
Resolution rule: Override

EXAMPLE: <Medi aAl t er nat i ves>Yes</ Medi aAl t ernati ves>

Attribute name: RtpProfiles

Attribute definition: List of supported RTP profiles.

Component: Streaming

Type: Literal (Bag)

Legal values: Profile names registered through the Internet Assigned Numbers Authority (IANA),
www.iana.org.

Resolution rule:  Append

EXAMPLE: <Rt pProfil es>
<r df : Bag>
<rdf:1i>RTP/ AVP</rdf:li>
<rdf:1i>RTP/ AVPF</rdf:li>
</ rdf: Bag>
</RtpProfil es>
Attribute name:  ProtectedStreaming
Attribute definition: Indicates whether the device supports streamed protected PSS as defined by Annex R.
Component: Streaming
Type: Litera
Lega values:  "Yes', "No"
Resolution rule:  Locked

EXAMPLE: <Prot ect edSt r eani ng>Yes</ Pr ot ect edSt r eani ng>

Attribute name:  ThreeGPPPipelined
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Attribute definition: |ndicates whether the device supports fast content start-up with pipelining according to clause
55.3.
Component: Streaming
Type: Literal
Legal values: "Yes',"No"
Resolution rule: Override

EXAMPLE: <Thr eeGPPPi pel i ned>Yes</ Thr eeGPPPi pel i ned>

Attribute name: ThreeGPPSwitch

Attribute definition: Indicates whether the device supports fast content switching with known SDP according to
clause 5.5.4.3.

Component: Streaming
Type: Litera

Lega values:  "Yes', "No"
Resolution rule:  Override

EXAMPLE: <Thr eeGPPSwi t ch>Yes</ Thr eeGPPSwi t ch>

Attribute name:  ThreeGPPSwitchReqSDP

Attribute definition: Indicates whether the device supports fast content switching without SDP according to clause
55.4.4.,

Component: Streaming
Type: Literal

Lega values:  "Yes', "No"
Resolution rule: Override

EXAMPLE: <Thr eeGPPSwi t chReqSDP>Yes</ Thr eeGPPSwi t chReqSDP>

Attribute name: ThreeGPPSwitchStream

Attribute definition: Indicates whether the device supports the fast switching of media streams according to clause
55.4.5.

Component: Streaming
Type: Literal

Legal values: "Yes',"No"
Resolution rule: Override

EXAMPLE: <Thr eeGPPSwi t chSt r eanmpYes</ Thr eeGPPSwi t chSt r ean>

Attribute name: AcceptRanges

Attribute definition: List of range indications that are accepted by the client. The client may support UTC or NPT or
both.

Component: Streaming
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Type: Literal (Bag)
Lega values.  "NPT","UTC"
Resolution rule:  Append

EXAMPLE: <Accept Ranges>
<r df : Bag>
<rdf:1i>NPT</rdf:li>
<rdf:li>UTC</rdf:Ii>
</ rdf: Bag>
</ Accept Ranges>
Attribute name: ISMACryp

Attribute definition: Indicates whether the device supports streamed content in ISMACryp format as defined in
ISMACryp and Annex R.

Component: Streaming
Type: Literal (Bag)
Lega values: ISMACryp Version numbers supported as a floating number. 0.0 indicates no support.
Resolutionrule: Locked
EXAMPLE:  <ISMACryp>

<rdf:Bag>

<rdf:i>2.0</rdf:li>

</rdf:.Bag>

</ISMACryp>

Attribute name:  VideoDecodingByteRate

Attribute definition: If Annex G is not supported, the attribute has no meaning. If Annex G is supported, this
attribute defines the peak decoding byte rate the PSS client is able to support. In other words,
the PSS client fulfils the requirements given in Annex G with the signalled peak decoding byte
rate. The values are given in bytes per second and shall be greater than or equal to 16000.

Component: Streaming

Type: Number

Legal values: Integer value greater than or equal to 16000.
Resolution rule:  Locked

EXAMPLE: <Vi deoDecodi ngByt eRat e>16000</ Vi deoDecodi ngByt eRat e>

Attribute name: Videol nitialPostDecoder BufferingPeriod

Attribute definition: If Annex G is not supported, the attribute has no meaning. If Annex G is supported, this
attribute defines the maximum initial post-decoder buffering period of video. Vaues are
interpreted as clock ticks of a 90-kHz clock. In other words, the value is incremented by one
for each 1/90 000 seconds. For example, the value 9000 corresponds to 1/10 of a second initial
post-decoder buffering.

Component: Streaming
Type: Number
Lega values: Integer value equal to or greater than zero.

Resolution rule: Locked
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EXAMPLE: <Vi deol ni ti al Post Decoder Buf f eri ngPer i 0d>9000
</ Vi deol ni ti al Post Decoder Buf f eri ngPeri od>

Attribute name: VideoPreDecoder Buffer Size

Attribute definition: This attribute signalsif the optional video buffering requirements defined in Annex G are
supported. It also defines the size of the hypothetical pre-decoder buffer defined in Annex G. A
value equal to zero means that Annex G is not supported. A value equal to one means that
Annex G is supported. In this case the size of the buffer is the default size defined in Annex G.
A value equal to or greater than the default buffer size defined in Annex G means that Annex
G is supported and sets the buffer size to the given number of octets.

Component: Streaming
Type: Number
Legal values: Integer value equal to or greater than zero. Values greater than one but |ess than the default

buffer size defined in Annex G are not allowed.
Resolution rule: Locked

EXAMPLE: <Vi deoPr eDecoder Buf f er Si ze>30720</ Vi deoPr eDecoder Buf f er Si ze>

5.2.3.2.3 ThreeGPFileFormat component
Attribute name: Brands
Attribute definition: List of supported 3GP profilesidentified by brand.
Component: ThreeGPFileFormat
Type: Literal (Bag)
Legal values: Brand identifiers according to 5.3.4 and 5.4 in [50].
Resolution rule:  Append

EXAMPLE: <Br ands>
<r df : Bag>
<rdf:li>3gp4</rdf:li>
<rdf:li>3gp5</rdf:li>
<rdf:li>3gp6</rdf:li>
<rdf:1i>3gré</rdf:li>
<rfd:1i>3gp7</rdf:li>
<rfd:1i>3gr7</rdf:li>
<rfd:li>3ge7</rdf:li>
</ rdf: Bag>
</ Brands>

Attribute name:  ThreeGPAccept

Attribute definition: List of content types (MIME types) that can be included in a 3GP file and handled by the PSS
application. The content types included in this attribute can be rendered in a3GP file or a
presentation contained therein. If the identifier " Streaming-Media” isincluded, streaming
media can be included within a contained presentation. Details on the streaming support can
then be found in the Streaming component. For each content type a set of supported parameters
can be given. A content type that supports multiple parameter sets may occur severa timesin
thelist.

Component: ThreeGPFileFormat
Type: Literal (Bag)

Legal values: List of MIME types with related parameters and the " Streaming-Media" identifier.
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Resolution rule:  Append

EXAMPLE 1. <ThreeGPAccept >

<r df : Bag>
<rdf:li>audi o/ AMR</ rdf: li>
<rdf:li>audi o/ AVR-WB+</rdf: i >
<rdf:li>video/ H264; profile-Ilevel-id=42e00a</rdf:Ii>
<rdf:li>i mage/jpeg</rdf:li>
<rdf:li>video/richmedi atxm; Version-profile=10</rdf:li>
<rdf:li>Stream ng- Medi a</rdf:li>

</ rdf: Bag>

</ Thr eeGPAccept >

Attribute name:  ThreeGPA ccept-Subset

Attribute definition: List of content types for which the PSS application supports a subset. MIME types can in most
cases effectively be used to express variations in support for different media types. Many
MIME types have several parameters that can be used for this purpose. There may exist
content types for which the PSS application only supports a subset and this subset cannot be
expressed with MIME-type parameters. In these cases the attribute ThreeGPAccept-Subset is
used to describe support for a subset of a specific content type. If a subset of a specific content
type is declared in ThreeGPA ccept-Subset, this means that ThreeGPA ccept-Subset has
precedence over ThreeGPAccept. ThreeGPAccept shall always include the corresponding
content types for which ThreeGPA ccept-Subset specifies subsets of.

Subset identifiers and corresponding semantics shall only be defined by the TSG responsible
for the present document.

Component: ThreeGPFileFormat
Type: Literal (Bag)
Lega values: No subsets defined.

Resolution rule:  Append

Attribute name: ThreeGPFramePackingFor mats

Attribute definition: List of supported frame packing formats relevant for stereoscopic 3D video that can be
included in a 3GP file and handled by the PSS application.

Component: ThreeGPFileFormat
Type: Literal (Bag)

Lega values: List of integer values corresponding to the supported frame packing formats. Integer values
shall be either 3 or 4 corresponding to the Side-by-Side and Top-and-Bottom frame packing
formats respectively, as specified in the ‘Value' column of Table D-8 of [90] and interpreted
according to the ‘Interpretation’ column in the same table.

Resolution rule:  Append

EXAMPLE: <ThreeGPFramePackingFormats>
<rdf:Bag>
<rdf:li>3</rdf:li>
<rdf:li>4</rdf:li>
</rdf:Bag>
</ThreeGPFramePackingFormats>

Attribute name: ThreeGPCVOCapable
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Attribute definition: Indicates whether the client is a CV O capable receiver of 3GP files, i.e. provided that the video
orientation information (corresponding to ur n: 3gpp: vi deo- ori ent ati on) of the delivered
content is communicated to the client in a 3GP file, the client can interpret the video
orientation and align the video correctly for rendering/display purposes. If this attribute is
reported and the ThreeGPHighGranularityCV OCapable attribute is reported asa"Yes"', then
the value of this attribute shall bea"Yes".

Component: ThreeGPFileFormat
Type: Literal

Lega values:  "Yes', "No"
Resolution rule:  Locked

EXAMPLE: <Thr eeGPCVCOCapabl e>Yes</ Thr eeGPCVOCapabl e>

Attribute name:  ThreeGPHighGranularityCVOCapable

Attribute definition: Indicates whether the client is a Higher Granularity CV O capable receiver of 3GP files, i.e.
provided that the video orientation information (corresponding to ur n: 3gpp: vi deo-
orientation: 6) of the delivered content is communicated to the client in a 3GP file, the client
can interpret the video orientation and align the video correctly for rendering/display purposes.

Component: ThreeGPFileFormat
Type: Literal

Legal values: "Yes',"No"
Resolution rule:  Locked

EXAMPLE: <Thr eeGPHi ghGr anul ar i t yCVOCapabl e>Yes</ Thr eeGPH ghG anul ar i t yCVOCapabl e>

Attribute name: ThreeGPOmaDrm

Attribute definition: List of the OMA DRM versions that is supported to be used for DRM protection of content
present in the 3GP file format.

Component: ThreeGPFileFormat

Type: Literal (Bag)

Lega valuess. ~ OMA DRM version numbers as floating point values. 0.0 indicates no support.
Resolution rule:  Locked

EXAMPLE: <3gpOVADRM>
<r df : Bag>
<rdf:11>2.0 </rdf:1i>
</ rdf: Bag>
</ 3gpOVADRW>

5.2.3.24 Void

5.2.3.3 Attributes from UAProf
In the UAProf vocabulary [40] there are several attributes that are of interest for the PSS. The formal definition of these
atributesis given in [40]. The following list of attributesis recommended for PSS applications:

Attribute name: BitsPer Pixel
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Component: HardwarePlatform
Attribute description:  The number of bits of colour or greyscale information per pixel

EXAMPLE 1. <Bit sPer Pi xel >8</ Bi t sPer Pi xel >

Attribute name: ColorCapable
Component: HardwarePlatform
Attribute description:  Whether the device display supports colour or not.

EXAMPLE 2:  <Col or Capabl e>Yes</ Col or Capabl e>

Attribute name: Pixel AspectRatio
Component: HardwarePlatform
Attribute description:  Ratio of pixel width to pixel height

EXAMPLE 3:  <Pi xel Aspect Rat i 0>1x2</ Pi xel Aspect Rat i 0>

Attribute name: PointingResolution
Component: HardwarePlatform
Attribute description:  Type of resolution of the pointing accessory supported by the device.

EXAMPLE 4.  <Poi nti ngResol uti on>Pi xel </ Poi nti ngResol uti on>

Attribute name: Model
Component: HardwarePlatform
Attribute description:  Model number assigned to the terminal device by the vendor or manufacturer

EXAMPLES: <Mdel >Mbdel B</ Model >

Attribute name: Vendor
Component: HardwarePlatform
Attribute description:  Name of the vendor manufacturing the terminal device

EXAMPLE 6: <Vendor >Ter ni nal Manuf act urer A</ Vendor >

Attribute name: CcppAccept-Char set
Component: SoftwarePlatform
Attribute description:  List of character sets the device supports

EXAMPLE 7. <CcppAccept - Char set >
<r df : Bag>
<rdf:1i>UTF-8</rdf:1i>
</ rdf: Bag>
</ CcppAccept - Char set >

Attribute name: CcppAccept-Encoding

Component: SoftwarePlatform
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Attribute description:  List of transfer encodings the device supports

EXAMPLE 8. <CcppAccept - Encodi ng>
<r df : Bag>
<rdf:li>base64</rdf:1i>
</ rdf: Bag>
</ CcppAccept - Encodi ng>
Attribute name: CcppAccept-L anguage
Component: SoftwarePlatform
Attribute description:  List of preferred document languages
EXAMPLE 9: <CcppAccept - Language>
<rdf : Seq>
<rdf:li>en</rdf:li>
<rdf:li>se</rdf:li>
</ rdf: Seq>
</ CcppAccept - Language>
Attribute name: DM Capable
Component: SoftwarePlatform
Attribute description:  Indicates whether the device provides Device Management capabilities.

EXAMPLE 10: <DMCapabl e>Yes</ DMCapabl e>

Attribute name: DMVersion
Component: SoftwarePlatform
Attribute description:  Version of the Device Management (DM) capability within the device

EXAMPLE 11. <DWer si on>1. 2</ DWer si on>

5.2.4 Extensions to the PSS schemal/vocabulary

5.24.1 Vocabulary definitions

The use of RDF enables an extensibility mechanism for CC/PP-based schemas that addresses the evolution of new types
of devices and applications. The Release-6 PSS profile schema specification has been updated from Release 5 and has
thus been assigned a unique RDF schema. The same is true for the Release-7, Release 9, Release 11 and Release 12

PSS profiles schema specification. The following URIs uniquely identify the RDF schemas for Release 5, Release 6,
Release 7, Release 9, Release 11 and Release 12:

PSS Release 5 URI:  http://www.3gpp.org/profiles/ PSS/ccppschema-PSS5#

PSS Release 6 URI:  http://www.3gpp.org/profiles/ PSS/ccppschema-PSS6#

PSS Release 7 URI:  http://www.3gpp.org/profiles/ PSS/ccppschema-PSS7#

PSS Release 9 URI:  http://www.3gpp.org/profiles/ PSS/ccppschema-PSSO#

PSS Release 11 URI:  http://www.3gpp.org/profiles PSS/ ccppschema-PSS11#

PSS Release 12 URI:  http://www.3gpp.org/profilesPSS/ccppschema-PSS12#

In the future new usage scenarios might have need for expressing new attributes. If the base vocabulary is further
updated, a new unique namespace will be assigned to the updated schema. The base vocabulary shall only be changed
by the TSG responsible for the present document. All extensions to the profile schema shall be governed by the rules
defined in [40] clause 7.7.
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5.2.4.2 Backward compatibility

An important issue when introducing a new vocabulary is to ensure backward compatibility. PSS Release-6 clients
should seamlessly work together with PSS Release-5 servers and vice versa. To obtain backward compatibility, a
Release-6 client should provide servers with multiple device-capability profiles using PSS Release-5 and Release-6
vocabularies, respectively. This can be done by providing two URI s referring to two separate profiles or one URI
referring to one combined profile that uses both the Relase-5 and the Release-6 namespaces. PSS Release-6 servers
should handle both namespaces, whereas PSS Release-5 servers will ignore profiles with unknown namespaces.

5.2.5 Signalling of profile information between client and server

When a PSS client or server support capability exchange it shall support the profile information transport over both
HTTP and RT SP between client and server as defined in clause 9.1 (including its subsections) of the WAP 2.0 UAProf
specification [40] with the following amendments:

- The"x-wap-profile" and "x-wap-profile-diff" headers shall be present in at least one HTTP or RT SP request per
session. That is, the requirement to send this header in all requests has been relaxed.

- The defined headers may be applied to both RTSP and HTTP.

- The"x-wap-profile-diff" header is only valid for the current request. The reason is that PSS does not have the
WSP session concept of WAP.

- Pushisnot relevant for the PSS.
The following guidelines concern how and when profile information is sent between client and server:

- PSS content servers supporting capability exchange shall be able to receive profile information in all HTTP and
RTSP requests.

- Thetermina should not send the "x-wap-profile-diff" header over the air-interface since there is no compression
scheme defined.

- RTSP: the client should send profile information in the DESCRIBE message. It may send it in any other request.

If the terminal has some prior knowledge about the file typeit is about to retrieve, e.g. file extensions, the following
apply:

- HTTP and SDP: when retrieving an SDP with HTTP the client should include profile information in the GET
reguest. Thisway the HTTP server can deliver an optimised SDP to the client.

- HTTPand MPD: when retrieving an MPD with HTTP the client may include profile information in the GET
request. Thisway the HTTP server may deliver an optimised MPD to the client.

5.2.6 Merging device capability profiles

Profiles need to be merged whenever the PSS server receives multiple device capability profiles. Multiple occurrences
of attributes and default values make it necessary to resolve the profiles according to a resolution process.

The resolution process shall be the same as defined in UAProf [40] clause 6.4.1.
- Resolve all indirect references by retrieving URI references contained within the profile.

- Resolve each profile and profile-diff document by first applying attribute values contained in the default URI
references and by second applying overriding attribute val ues contained within the category blocks of that profile
or profile-diff.

- Determine the fina value of the attributes by applying the resolved attribute values from each profile and profile-
diff in order, with the attribute values determined by the resolution rules provided in the schema. Where no
resolution rules are provided for a particular attribute in the schema, values provided in profiles or profile-diffs
are assumed to override values provided in previous profiles or profile-diffs.

When several URL s are defined in the "x-wap-profile" header and there exists any attribute that occurs more than once
in these profiles the rule is that the attribute value in the second URL overrides, or is overridden by, or is appended to
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the attribute value from the first URL (according to the resolution rule) and so forth. Thisis what is meant with
"Determine the final value of the attributes by applying the resolved attribute values from each profile and profile-diff
in order, with..." in the third bullet above. If the profile is completely or partly inaccessible or otherwise corrupted the
server should still provide content to the client. The server is responsible for delivering content optimised for the client
based on the received profile in a best effort manner.

NOTE: For the reasons explained in Annex A clause A.4.3 the usage of indirect references in profiles (using the
CC/PP defaults element) is not recommended.

5.2.7 Profile transfer between the PSS server and the device profile
server

The device capability profiles are stored on adevice profile server and referenced with URLs. According to the profile
resolution processin clause 5.2.6 of the present document, the PSS server ends up with a number of URLSs referring to
profiles and these shall be retrieved.

- Thedevice profile server shall support HTTP 1.1 for the transfer of device capability profilesto the PSS server.

- If the PSS server supports capability exchange it shall support HTTP 1.1 for transfer of device capability profiles
from the device profile server. A URL shall be used to identify a device capability profile.

- Normal content caching provisions as defined by HTTP apply.

5.3 Session set-up and control

531 General

Continuous mediais mediathat has an intrinsic time line. Discrete media on the other hand does not itself contain an
element of time. In this specification speech, audio, video and timed text belong to the first category and still images
and text to the latter one.

Streaming of continuous media using RTP/UDP/IP (see clause 6.2) requires a session control protocol to set-up and
control the individual media streams. For the transport of discrete media (images and text), vector graphics, timed text
and synthetic audio this specification adopts the use of HTTP/TCP/IP (see clause 6.3). In this case there is no need for a
separate session set-up and control protocol since thisisbuilt into HTTP. This clause describes session set-up and
control of continuous media.

5.3.2 RTSP

RTSP [5] shall be used for session set-up and session control. PSS clients and servers shall follow the rules for minimal
on-demand playback RTSP implementations in appendix D of [5]. In addition to this:

- PSS serversand clients shall implement the DESCRIBE method (see clause 10.2 in [5]);

- PSS serversand clients shall implement the Range header field (see clause 12.29 in [5]);

- PSS serversshall include the Range header field inall PLAY responses,

- PSS serversand clients should implement the SET_PARAMETER method (see clause 10.9 in [5]);
- PSS servers and clients should implement the Bandwidth header field (see clause 12.6 in [5].

Further additionsto RT SP are specified in the following subclauses.

5.3.2.1 The 3GPP-Link-Char header
PSS servers and clients should implement the 3GPP-Link-Char header field.

To enable PSS clients to report the link characteristics of the radio interface to the PSS server, the "3GPP-Link-Char"
RTSP header is defined. The header takes one or more arguments. The reported information should be taken from a
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QoS reservation (i.e. the QoS profile as defined in [56]). Note that thisinformation is only valid for the wireless link
and does not apply end-to-end. However, the parameters do provide constraints that can be used.

Three parameters are defined that can be included in the header, and future extensions are possible to define. Any
unknown parameter shall be ignored. The three parameters are:

- "GBW": the link's guaranteed bit-rate in kilobits per second as defined by [56];
"MBW": the link's maximum bit-rate in kilobits per second as defined by [56];
"MTD": the link's maximum transfer delay, as defined by [56] in milliseconds.

The "3GPP-Link-Char" header syntax is defined below using ABNF [53]:

3gpplinkheader = "3GPP-Link-Char" ":" link-char-spec *("," 0* 1SP link-char-spec) CRLF
link-char-spec = char-link-url *(*;" 0* 1SP link-parameters)

char-link-url ="url" =" <'surl<t>

link-parameters = Guaranteed-BW / Max-BW / Max-Transfer-delay / extension-type
Guaranteed-BW ="GBW" "=" 1*DIGIT ; kbps

Max-BW ="MBW" "=" 1*DIGIT ; kbps

Max-Transfer-delay ="MTD" "=" 1*DIGIT ; ms

extension-type =token "=" (token / quoted-string)
DIGIT = as defined in RFC 2326 [5]
token = asdefined in RFC 2326 [5]
quoted-string = asdefined in RFC 2326 [5]

url = asdefined in RFC 2326 [5]

The "3GPP-Link-Char" header can beincluded in arequest using any of the following RTSP methods: SETUP, PLAY,,
OPTIONS, and SET_PARAMETER. The header shall not be included in any response. The header can contain one or
more characteristics specifications. Each specification contains a URI that can either be an absolute or arelative, any
relative URI use the RTSP request URI as base. The URI points out the media component that the given parameters
apply to. This can either be an individual media stream or a session aggregate.

If a QoS reservation (PDP context) is shared by several media components in a session the 3GPP-Link-Char header
shall not be sent prior to the RTSP PLAY request. In this case the URI to use is the aggregated RTSP URI. If the QoS
reservation is not shared (one PDP context per media) the media stream URI must be used in the 3GPP-Link-Char
specification. If one QoS reservation (PDP context) per media component is used, the specification parameters shall be
sent per media component.

The "3GPP-Link-Char" header should be included in a SETUP or PLAY request by the client, to give theinitial values
for the link characteristics. A SET_PARAMETER or OPTIONS request can be used to update the 3GPP-Link-Char
valuesin asession currently playing. It is strongly recommended that SET_PARAMETER is used, asthis hasthe
correct semantics for the operation and also requires less overhead both in bandwidth and server processing. When
performing updates of the parameters, all of the previous signalled values are undefined and only the given onesin the
update are defined. This meansthat even if a parameter has not changed, it must be included in the update.

Example;
3GPP-LinkChar: url="rtsp://server.example.com/media.3gp"; GBW=32; MBW=128; MTD=2000

In the above example the header tells the server that itsradio link has a QoS setting with a guaranteed bit-rate of 32
kbps, a maximum bit-rate of 128 kbps, and a maximum transfer delay of 2.0 seconds. These parameters are valid for the
aggregate of all media components, asthe URI is an aggregated RTSP URI.
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5.3.2.2 The 3GPP-Adaptation header
PSS servers and clients should implement the 3GPP-Adaptation header field.

To enable PSS clients to set bit-rate adaptation parameters, a new RTSP request and response header is defined. The
header can be used in the methods SETUP, PLAY, OPTIONS, and SET_PARAMETER. The header defined in ABNF
[53] has the following syntax:

3GPP-adaptation-def = "3GPP-Adaptation” ":" adaptation-spec 0*("," adaptation-spec)
adaptation-spec = url-def *adapt-params
adapt-params =";" buffer-size-def
/";" target-time-def
url-def ="url" =" <> url <>

buffer-size-def

"gze' "=" 1*9DIGIT ; bytes

target-time-def ="target-time" "=" 1*9DIGIT; ms

url ( absoluteURI / relativeURI )

absoluteURI and relativeURI are defined in RFC 3986 [60]. The base URI for any relative URI isthe RTSP request URI.

The "3GPP-Adaptation” header shall be sent in responses to requests containing this header. The PSS server shall not
change the values in the response header. The presence of the header in the response indicates to the client that the server
acknowl edges the request.

The buffer size signalled in the "3GPP-Adaptation” header shall correspond to reception, de-jittering, and, if used, de-
interleaving buffer(s) that have this given amount of space for complete application data units (ADU), including the
following RTP header and RTP payl oad header fields. RTP timestamp, and sequence numbers or decoding order numbers.
The specified buffer size shall also include any Annex G pre-decoder buffer space used for this media, as the two buffers
cannot be separated.

The target protection time signalled in the "target-time" parameter is the targeted minimum buffer level in milliseconds;
that is, the minimum amount of playback time the client perceives necessary for interrupt-free playback. This value
must be chosen such that the client is never in a buffering state if all media streams have reached or exceeded their
target-time in buffered data and playout delay. Once this desired level of target protection is achieved, the server may
utilize any additional resources to increase the quality of the media or to increase the buffer duration beyond that
required by the target-time, or it may continue sending at the mediarate in order to maintain a steady buffer state.

5.3.2.3 The Quality of Experience headers

5.3.2.3.1 Protocol initiation and termination

A new RTSP header is defined to enable the PSS client and server to negotiate which Quality of Experience (QoE)
metrics the PSS client should send, how often they should be sent and how to turn the metrics transmission off. This
header can be sent in requests and responses of RTSP methods SETUP, SET_PARAMETER, OPTIONS (with Session
ID) and PLAY . The exact usage of this header is defined in clause 11. The header is defined in ABNF [53] as follows
(see [53] for specifiers not defined here):

QoE-Header ="3GPP-QoE-Metrics' ":" ("Off" / Measure-Spec *("," Measure-Spec)) CRLF

Measure-Spec = Stream-URL";" ((Metrics";" Sending-rate [";" Measure-Range]
[":" Measure-Resolution] *([";" Metrics-Server]) *([";" Parameter-Ext])) / "Off")

Stream-URL ="url""=" <">Rtgp-URL<">

Metrics ="metrics' "=""{"Metrics-Name *("[" Metrics-Name) " }"

MetricsName = 1*((0x21..0x2b) / (0x2d..0x3a) / (0x3c..0x7a) / 0x7e) ;VCHAR except ;",",", "{" or "}"
Sending-Rate  ="rate" "=" 1*DIGIT / "End"
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Measure-Resolution = "resolution" "=" 1*DIGIT ; in seconds
Metrics-Server ="server" "=""{" Server-Name *("[" Server-Name) "}"
Server-Name = asdefined in RFC 1123 [100]

Measure-Range ="range" ":" Ranges-Specifier

Parameter-Ext  ="On"/"Off"/ (1*DIGIT ["." 1*DIGIT]) / (1*((0x21..0x2b) / (0x2d..0x3a) / (0x3c..0x7a) / Ox7c/
0x7e))

Ranges-Specifier = as defined in RFC 2326 [5]
Rtsp-URL = as defined in RFC 2326 [5]
There are two ways to use this header:
- Using only the "Off" parameter is an indication that either server or client wants to cancel the metrics reporting.
- Using other parameters indicates a request to start the metrics transmission.

If "Stream-URL" is an RTSP Session Control URL, then "Metrics' applies to the RTSP session. If "Stream-URL" isan
RTSP Media Control URL, then "Metrics" apply only to the indicated media component of the session.

QOE metrics with the same " Stream-URL", " Sending-rate" and "Measure-Range" shall be aggregated within asingle
"Measure-Spec" declaration. Otherwise, multiple "Stream-URL" declarations shall be used.

The "Metrics' field contains the list of names that describes the metrics/measurements that are required to be reported in
a PSS session. The names that are not included in the "Metrics' field shall not be reported during the session.

The "Sending-Rate" shall be set, and it expresses the maximum time period in seconds between two successive QoE
reports. If the " Sending-Rate" valueis 0, then the client shall decide the sending time of the reports depending on the
events occurred in the client. Values> 1 indicate a precise reporting interval. The shortest interval is one second and the
longest interval is undefined. The reporting interval can be different for different media, but it is recommended to
maintain a degree of synchronization in order to avoid extratraffic in the uplink direction. The value "End" indicates
that only one report is sent at the end of the session.

A default QoE reporting is done for each metric. The optional "M easure-Resolution” field, if present, indicates that
XML QoE reporting shall be done instead. In this case the "M easure-Resolution” field splits the session duration into a
number of equally sized periods where each period is of the length specified by the "Measure-Resolution"” field. QoE
metrics are calculated for each period and stored in the terminal, and all the stored metrics are then sent together
according to the "Sending-Rate" field. This allows long reporting intervals (to save bandwidth) without losing good
metric measurement resolution. It is recommended that the Sending-Rate is set to an integer multiple of the Measure-
Resolution, or to "End".

Note that both " Sending-Rate" and "Measure-Resolution” shall be evaluated according to areal-time clock. Thisimplies
that the real-time intervals for measurements and reporting are not affected by changesin playback rate, for instance
due to buffering.

The optional "Metrics-Server" field, if present, specifies that instead of the default RT SP reporting back to the
streaming server, the QoE reports should be sent to a separate HTTP server. If more than one server is specified, the
terminal shall randomly select one of them to be used during the session. The Metrics-Server parameter can only be
used for XML reporting, that is, together with the Measure-Resol ution parameter. The formatting of the HTTP reports
is specified in sub-clause 5.3.2.3.3. If the PSS client does not support HTTP reporting it shall reject the "Metrics-
Server" field during the QoE negotiation phase.

The optional "Measure-Range” field, if used, shall define the time range in the stream for which the QoE metrics will be
reported. There shall be only one range per measurement specification. The range format shall be any of the formats
allowed by the media. If the "Measure-Range" field is not present, the corresponding (media or session level) range
attribute in SDP shall be used. If SDP information is not present, the metrics range shall be the whole session duration.

There shall be only one "3GPP-QoE-Metrics' header in one RTSP request or response.
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5.3.2.3.2 Metrics feedback

The QoE metrics feedback can be conveyed in requests to the PSS server using the SET_PARAMETER, PAUSE or
TEARDOWN methods by the "3GPP-QoE-Feedback" header. The header is defined in ABNF [53] as follows (see [53]
for specifiers not defined here):

Feedbackheader ="3GPP-QoE-Feedback" ":" Feedback-Spec *("," Feedback-Spec) CRLF
Feedback-Spec = Stream-URL 1*(";" Parameters) [";" Measure-Range]

Stream-URL = as specified in clause 5.3.2.3.1

Parameters = Metrics-Name"=""{" SP/ (Measure *("|" Measure)) "}"
MetricsName = asdefined in clause5.3.2.3.1

Measure = Value [SP Timestamp]

Measure-Range = asdefined in clause 5.3.2.3.1

Value =(["-"]12*DIGIT [*." *DIGIT]) / 1*((0x21..0x2b) / (0x2d..0x3a) / (0x3c..0x7a) / Ox7e) ;VCHAR
except ;""" "{" or "}"

Timestamp =NPT-Time

NPT-Time = as defined in RFC 2326 [5]

"Stream-URL" isthe RTSP session or media control URL that identifies the media the feedback parameter appliesto.

The"Metrics-Name" field in the "Parameters’ definition contains the name of the metrics/measurements and uses the
same identifiers as the "3GPP-QoE-Metrics' header in clause 5.3.2.3.1.

The"Value' field indicates the results. There is the possibility that the same event occurs more than once during a
monitoring period. In that case the metrics value may occur more than once indicating the number of eventsto the
server. For the XML reporting format only one value is reported for each measurement resol ution period.

The optional "Timestamp" (defined in NPT time) indicates the time when the event occurred or when the metric was
calculated. If no events have occurred, it shall be reported with an empty set (only containing a space). The
"Timestamp" feedback shall not be used for the XML reporting format.

The optional "Measure-Range" indicates the actual measurement period, for which this report is valid.

QOE metrics reporting should be done by the PSS client by using the SET_PARAMETER method. However, for more
efficiency, RTSP PAUSE and TEARDOWN methods may also be used in particular cases, such as:

CASE 1. When sending the very last QOE report, the client should embed the QoE information into a
TEARDOWN message.

CASE 2: When the client wants to pause the streaming flow, QoE information should be embedded into a PAUSE
method. The PSS client should not send any QoE reports to the PSS server when the system is paused, since thereis no
media flow.

5.3.2.3.3 Metrics feedback over HTTP

5.3.2.3.3.0 Requirements and semantics

If a specific metrics server has been configured the client should send QoE reports using the HTTP (RFC 2616 [73])
POST request carrying XML formatted metadata. Each QOE report is formatted in XML according to the XML schema
defined in clause 5.3.2.3.3.1. An informative example of a single reception report XML object is aso given in clause
5.3.2.3.3.2

The following parameters shall be included in all reports:

- The sessionStartTime and sessionStopTime attributes identifies the client NTP time when the measurements
included in the report were started and stopped. The time is based on the local real-time clock in the client, and
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might not be consistent with the server NTP time. However, assuming that the reporting is done without any
extra delay the server can use the stopTime attribute to correct the timestamps if necessary.

- ThesessionID attribute identifies the IP address of the server from which the content is fetched plus the
destination port, separated by a colon (e.g. "10.11.12.13:5050").

The following parameters should be included in all reports:

- Theclientld attribute is the receiver unique identifier, i.e. the MSISDN of the UE as defined in [110].

5.3.233.1 XML Syntax for a QoE Report

Below isthe formal XML syntax of QOE report instances.

<?xm version="1.0" encodi ng="UTF-8"?>

<xs:schema xm ns: xs="http://ww. w3. or g/ 2001/ XM_Schema"

t ar get Nanmespace="ur n: 3gpp: net adat a: 2009: PSS: r ecepti onreport"
xm ns="ur n: 3gpp: net adat a: 2009: PSS: r ecepti onreport"

el enent For nDef aul t =" qual i fi ed">

<xs: el ement name="recepti onReport" type="recepti onReport Type"/>

<xs: conpl exType name="recepti onReport Type" >
<xs: choi ce>
<xs:element nanme="statistical Report" type="starType"
m nCccur s="1" maxQccur s="unbounded"/ >
<xs:any nanespace="##ot her" processContents="skip" m nCccurs="0" maxCccurs="unbounded"/>
</ xs: choi ce>
</ xs: conpl exType>

<xs: conpl exType nanme="star Type" >
<Xs: sequence>
<xs:element name="fileUR " type="xs:anyUR " m nCccurs="0" maxCccurs="unbounded"/>
<xs: el ement nanme="qoeMetrics" type="qoeMetricsType" m nCccurs="1" maxQccurs="1"/>
<xs:any nanespace="##ot her" processContents="skip" m nCccurs="0" maxCccurs="unbounded"/>
</ xs: sequence>

<xs:attribute nane="clientld" type="xs:string" use="optional"/>

<xs:anyAttribute processContents="skip"/>

</ xs: conpl exType>

<xs: conpl exType nanme="qoeMetricsType">
<XS: sequence>
<xs: el ement nanme="nedi al evel _qoeMetrics" type="nedi al evel _goeMetri csType"

m nCccurs="1" maxCccur s="unbounded"/ >

<xs:any nanespace="##ot her" processContents="skip" m nCccurs="0" maxCccurs="unbounded"/ >
</ xs: sequence>
<xs:attribute nane="t ot al RebufferingDuration" type="xs:doubl eVector Type" use="optional"/>
<xs:attribute nane="nunber O Rebuf feri ngEvents" type="xs: unsi gnedLongVect or Type"
use="optional "/ >
<xs:attribute name="initial BufferingDuration" type="xs:doubl e" use="optional"/>
<xs:attribute nane="content SwitchTi ne" type="xs: doubl eVect or Type" use="optional "/>
<xs:attribute nane="sessionStartTi ne" type="xs:unsi gnedLong"/>
<xs:attribute name="sessi onStopTi me" type="xs:unsi gnedLong"/>
<xs:attribute name="bufferDepth" type="xs:doubl eVector Type" use="optional "/>
<xs:attribute nane="al | Cont ent Buf fered" type="xs:bool ean" use="optional"/>
<xs:anyAttribute processContents="skip"/>

</ xs: conpl exType>

<xs: conpl exType nanme="nedi al evel _qoeMetri csType">

<xs:attribute name="sessionld" type="xs:string"/>

<xs:attribute name="total Corrupti onDurati on" type="xs:unsi gnedLongVector Type" use="optional "/>

<xs:attribute name="nunber O Corrupti onEvents" type="xs:unsi gnedLongVector Type" use="optional "/>

<xs:attribute nane="t" type="xs:bool ean" use="optional"/>

<xs:attribute nane="d" type="xs:string" use="optional"/>

<xs:attribute name="t ot al Nunber of Successi vePacket Loss" type="xs: unsi gnedLongVect or Type"
use="optional "/ >

<xs:attribute nanme="nunber Of Successi veLossEvents" type="xs: unsi gnedLongVect or Type"
use="optional "/ >

<xs:attribute name="nunber O Recei vedPackets" type="xs:unsi gnedLongVect or Type" use="optional "/>

<xs:attribute name="total JitterDuration" type="xs:doubl eVector Type" use="optional"/>

<xs:attribute nane="nunber f Jitter Events" type="xs: unsi gnedLongVect or Type" use="optional "/>

<xs:attribute nane="franmerate" type="xs:doubl eVector Type" use="optional "/>

<xs:attribute nane="codecl nfo" type="stringVectorType" use="optional"/>

<xs:attribute nane="codecProfil eLevel " type="stringVectorType" use="optional"/>
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<xs:attribute nane="codecl mageSi ze" type="stringVectorType" use="optional"/>
<xs:attribute name="averageCodecBitrate" type="doubl eVectorType" use="optional "/>
<xs:anyAttribute processContents="skip"/>

</ xs: conpl exType>

<xs:si npl eType name="doubl eVect or Type"
<xs:list itenlype="xs:double"/>
</ xs: si npl eType>

<xs: si npl eType name="unsi gnedLongVect or Type"
<xs:list itenlype="xs:unsi gnedLong"/>
</ xs: si npl eType>

<xs:sinmpl eType name="stringVect or Type"
<xs:list itenmlype="xs:string"/>
</ xs: si mpl eType>

</ xs: schema>

5.3.2.3.3.2 Example XML for the QoE Report

The example shows a QOE report for a streaming session.

<?xm version="1.0" encodi ng="UTF-8"?>
<receptionReport xm ns="urn: 3gpp: met adat a: 2009: PSS: r ecepti onreport"
xm ns: xsi ="http://ww. w3. or g/ 2001/ XM_Schena- i nst ance"
xsi : schemaLocati on="ur n: 3gpp: et adat a: 2009: PSS: recepti onreport recepti onreport.xsd">
<statistical Report
clientld="79261234567"
<goeMetrics
nunber O Rebuf f eri ngEvents="0 1 0"
initial BufferingDuration="3.213"
t ot al Rebuf feri ngburation="0 1.23 0"
cont ent AccessTi ne="2. 621"
sessionStart Ti me="1219322514"
sessi onSt opTi me="1219322541" >
buf f er Dept h="3. 571 2. 123 2. 241"
al | Cont ent Buf f ered="f al se" >
<nmedi al evel _goeMetrics
sessi onl d="10. 50. 65. 30: 5050"
framerate="15.1 14.8 15.0"
t="fal se"
d="a"
nunmber O Successi veLossEvents="5 0 3"
nunmber O Cor rupti onEvents="6 5 2"
nunber Of Jitter Events="0 1 0"
total CorruptionDuration="152 234 147"
t ot al Nunber of Successi vePacket Loss="25 0 6"
nunmber O Recei vedPacket s="456 500 478"
codecl nf o=" vi deo/ H264/ 90000 = ="
codecProfil eLevel =" profile-Ilevel-id=42e00= ="
codecl mageSi ze="176x144 = ="
aver ageCodecBi t Rat e="124. 5 128.0 115.1"
total JitterDuration="0 0.346 0"/>
</ qoeMetri cs>
</statistical Report>
</recepti onReport>

5.3.24 Video buffering headers
The following header fields are specified for the response of an RTSP PLAY reguest only:
- X-predechufsize:<size of the pre-decoder buffer>
- x-initpredecbufperiod:<initial pre-decoder buffering period>
- x-initpostdecbufperiod:<initial post-decoder buffering period>
- 3gpp-videopostdechufsize:<size of the video post-decoder buffer>

The header fields "x-predecbufsize", "x-initpredecbufperiod"”, "x-initpostdecbufperiod", and " 3gpp-postdecbufsize”

have the same definitions as the corresponding SDP attributes (see clause 5.3.3.2) " X-predecbufsize”, " X-

ETSI



3GPP TS 26.234 version 16.1.0 Release 16 42 ETSI TS 126 234 V16.1.0 (2020-10)

initpredecbufperiod”, " X-initpostdecbufperiod"”, and " 3gpp-postdecbufsize", respectively, with the exception that the
RTSP video buffering header fields are valid only for the range specified in the RTSP PLAY response.

For H.264 (AVC) or H.265 (HEV C), PSS servers shall include these header fieldsin an RTSP PLAY response
whenever the values are available in the 3GP file used for the streaming session. If the values are not availablein the
3GPfile, it is optional for the serversto signal the parameter valuesin RTSP PLAY responses.

5.3.3 SDP

5.33.1 General

RTSP requires a presentation description. SDP shall be used as the format of the presentation description for both PSS
clients and servers. PSS servers shall provide and PSS clients interpret the SDP syntax according to the SDP
specification [6] and appendix C of [5]. The SDP delivered to the PSS client shall declare the mediatypesto be used in
the session using a codec specific MIME mediatype for each media. MIME media types to be used in the SDP file are
described in clause 5.4 of the present document.

The SDP [6] specification requires certain fields to always be included in an SDP file. Apart from this a PSS server
shall alwaysinclude the following fields in the SDP:

- "a=control:" according to clauses C.1.1, C.2 and C.3in[5];
- "a=range:" according to clause C.1.5in[5];

- "a=rtpmap:" according to clause 6 in [6];

- "a=fmtp:" according to clause 6 in [6].

When an SDP document is generated for media stored in a 3GP file, each control URL defined at the media-level
"a=control:" field shall include a stream identifier in the last segment of the path component of the URL. The value of
the stream id shall be defined by the track-1D field in the track header (tkhd) box associated with the mediatrack.
When a PSS server receives a set-up request for a stream, it shall use the stream identifier specified in the URL to map
the request to a media track with a matching track-1D field in the 3GP file. Stream identifiers shall be expressed using
the following syntax:

streamldentifier = <stream-id-token>"="<stream-id>
stream-id-token = 1*alpha
stream-id = 1*digit

The bandwidth field in SDP is needed by the client in order to properly set up QoS parameters. Therefore, a PSS server
shall include the "b=AS:" and "b=TIAS:" and "a=maxprate" [93] fields at the medialevel for each media streamin
SDP, and should include "b=TIAS" and "a=maxprate" at session level. A PSS client shall interpret al of these fields. If
both bandwidth modifiers are present, "b=TIAS" should be used; however it may be missing in content produced
according to earlier releases. When a PSS client receives SDP, it should ignore the session level "b=AS:" parameter (if
present), and instead cal culate session bandwidth from the media level bandwidth values of the relevant streams. If
"b=TIAS" and "a=maxprate" is present at session level, it should be used in preference over the medialevel values, as
session level can provide a more accurate description of the needed session bandwidth when aggregating several media
streams together. A PSS client shall also handle the case where the bandwidth parameters are not present, since this may
occur when connecting to a Release-4 server.

Note that for RTP based applications, ‘b=AS:" givesthe RTP "session bandwidth" (including UDP/IP overhead) as
defined in section 6.2 of [9].

The bandwidth for RTCP traffic shall be described using the "RS" and "RR" SDP bandwidth modifiers, as specified by
[55]. The"RS" SDP bandwidth modifier indicates the RTCP bandwidth allocated to the sender (i.e. PSS server) and
"RR" indicates the RTCP bandwidth allocated to the receiver (i.e. PSSclient). A PSS server shall include the "b=RS:"
and "b=RR:" fields at the medialevel for each media stream in SDP, and a PSS client shall interpret them. A PSS client
shall also handle the case where the bandwidth modifier is not present according to section 3 of [55], since this may
occur when connecting to a Release-4 server.
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There shall be alimit on the allowed RTCP bandwidth for senders and receiversin asession. Thislimit is defined as
follows:

- 4000 bpsfor the RSfield (at medialeve);
- 5000 bpsfor the RR field (at medialevel).

In Annex A.2.1 an example SDP in which the limit for the total RTCP bandwidth is 5% of the session bandwidth is
presented.

Media which has an SDP description that includes an open ended range (format=startvalue-) in any time format in the
SDP attribute "a=range", e.g. "a=range: npt=now-", or "a=range: clock=20030825T 152300Z-", shall be considered
media of unknown length. Such a media shall be considered as non-seekable, unless other attributes override this

property.

The"t=", "r=", and "z=" SDP parameters are used to indicate when the described session is active and can be used to
filter out obsolete SDP files. PSS clients and servers shall support "t=", "r=", and "z=" as specified in [6]. The "a=etag"
parameter may additionally be used to identify SDP validity. PSS clients should support "a=etag" as specified in [5].

When creating an SDP for a streaming session, one should try to come up with the most accurate estimate of time that
the sessionisactive. The "t=", "r=", and "z=" SDP parameters are used for this purposg, i.e., to indicate when the
described session is active. If the time at which a session is active is known to be only for alimited period, the "t=",
"r=", and "z=" attributes should be filled out appropriately (per [6], the "t=" shall be sent and usually contains non-zero
values, possibly using the "r=" and "z=" parameters). If the stop-timeis set to zero, the session is not bounded, though
it will not become active until after the start-time. If the start-time is also zero, the session is regarded as permanent. A
session should only be marked as permanent ("t=0 0") if the session is going to be available for a significantly long
period of time or if the start and stop times are not known at the time of SDP file creation. Recommendations for what
is considered a significant time is present in the SDP specification [6].

IPv6 addresses in SDP descriptions shall be supported according to RFC 4566 [6].

NOTE: The SDP parsers and/or interpreters shall be able to accept NULL valuesin the'c="field (e.g. 0.0.0.0in IPv4
case). This may happen when the media content does not have a fixed destination address. For more
details, see Section C.1.7 of [5] and Section 6 of [6].

5.3.3.2 Additional SDP fields
The following additional medialevel SDP fields are defined for PSS:

If the field is an attribute for an H.264 (AV C) stream, the H.264 (AV C) bitstream is constrained by the value of
"CpbSize" equal to X-predecbufsize * 8 for NAL HRD parameters, as specified in [90]. For the VCL HRD
parameters, the value of "CpbSize" is equal to X-predecbufsize * 40/ 6. The value of "X-predecbufsize" for
H.264 (AVC) streams shall be smaller than or equal to 1200 * MaxCPB, in which the value of "MaxCPB" is
derived according to the H.264 (AVC) profile and level of the stream, as specified in [90]. If "X-predecbufsize"
is not present for an H.264 (AVC) stream, the value of "CpbSize" is calculated as specified in [90].

If the field is an attribute for an H.265 (HEV C) stream, the H.265 (HEV C) bitstream is constrained such that, for
the NAL HRD parameters, the value of CpbSize] i ] for at least one value of i in the range of 0 to
cpb_cnt_minusl| HighestTid ], inclusive, as specified in [117], isless than or equal to X-predecbufsize * 8, and
for the VCL HRD parameters, the value of CpbSize[ i ] for at least one value of i in the range of 0 to
cpb_cnt_minusl| HighestTid ], islessthan or equal to X-predecbufsize * 80/ 11. The value of "X-
predecbufsize" for H.265 (HEV C) streams shall be smaller than or equal to 1100 * MaxCPB, in which the value
of "MaxCPB" is derived according to the H.265 (HEV C) profile and level of the stream, as specified in [117]. If
"X-predecbufsize" is not present for an H.265 (HEV C) stream, the value of "CpbSize" is calculated as specified
in[117].

- "a=X-initpredecbufperiod:<initial pre-decoder buffering period>"

If the field is an attribute for an H.264 (AV C) stream, the H.264 (AVC) bitstream is constrained by the val ue of
the nominal removal time of the first access unit from the coded picture buffer (CPB), trn( 0), equal to "X-
initpredecbufperiod” as specified in [90]. If "X-initpredecbufperiod" is not present for an H.264 (AVC) stream,
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trn( 0) shall be equal to the earliest time when the first access unit in decoding order has been completely
received.

If the field is an attribute for an H.265 (HEV C) stream, the H.265 (HEV C) bitstream is constrained such that the
value of the nominal removal time of the first access unit from the coded picture buffer (CPB),
AuNominalRemoval Time[ 0], as specified in [117], is equal to " X-initpredecbufperiod”. If "X-
initpredecbufperiod" is not present for an H.265 (HEV C) stream, the value of AuNominalRemoval Time[ 0]
shall be equal to the earliest time when the first access unit in decoding order has been completely received.

- "a=X-initpostdechufperiod:<initial post-decoder buffering period>"  If the field is an attribute for an H.264
(AVC) stream, the H.264 (AV C) bitstream is constrained by the value of dpb_output_delay for the first decoded
picture in output order equal to " X-initpostdecbufperiod” as specified in [90] assuming that the clock tick
variable, t;, isequal to 1/ 90 000. If "X-initpostdecbufperiod” is not present for an H.264 (AVC) stream, the
value of dpb_output_delay for the first decoded picture in output order isinferred to be equal to O.

If the field is an attribute for an H.265 (HEV C) stream, the H.265 (HEV C) bitstream is constrained such that the
value of pic_dpb_output_delay for the first decoded picture in output order, as specifeid in [117], isequal to "X-
initpostdecbufperiod", assuming that the clock tick, ClockTick, isequal to 1 /90 000. If "X-
initpostdecbufperiod” is not present for an H.265 (HEV C) stream, the value of pic_dpb_output_delay for the first
decoded picture in output order isinferred to be equal to 0.

- "a=X-decbyterate:<peak decoding byte rate>"

Thisfield shall not be present for an H.264 (AVC) or H.265 (HEV C) stream.
- "a=3gpp-videopostdecbufsize:<size of the video post-decoder buffer>"

This attribute may be present for an H.264 (AVC) or H.265 (HEV C) stream and it shall not be present for other
types of streams.

If the attribute is present for an H.264 (AVC) stream, the H.264 (AV C) bitstream is constrained by the value of
"max_dec_frame_buffering" equal to Min( 16, Floor( 3gpp-videopostdecbufsize / ( PicwidthinMbs *
FrameHeightinMbs * 256 * ChromaFormatFactor ) ) ) as specified in [90]. If "3gpp-videopostdecbufsize" is not
present for an H.264 (AVC) stream, the value of "max_dec_frame_buffering" isinferred as specified in [90].

If the attribute is present for an H.265 (HEV C) Main profile stream, the H.265 (HEV C) bitstream is constrained
such that the value of sps max_dec pic_buffering_minusl[ HighestTid ] + 1 as specified in [117] isless than or
equal to Floor( 3gpp-videopostdecbufsize / ( PicSizelnSamplesY * 3/ 2) ), where PicSizelnSamplesY isas
specified in [117]. If "3gpp-videopostdecbufsize" is not present for an H.265 (HEV C) stream, the value of
sps_max_dec_pic_buffering_minusl| HighestTid ] + 1 isinferred as specified in [117].

If the interleaved packetization mode of H.264 (AVC) isin use, attributes "a=X-predecbufsize:", "a=X-
initpredecbufperiod:", "a=X-initpostdecbufperiod:", and "a=3gpp-videopostdecbufsize:" apply to an H.264 (AV C)
bitstream when de-interleaving of the stream from transmission order to decoding order has been done.

For an H.265 (HEV C) stream transmitted over RTP using the RTP payload format as specified in [118], the attributes
"a=X-predechufsize:", "a=X-initpredecbufperiod:", "a=X-initpostdecbufperiod:", and "a=3gpp-videopostdecbufsize:"
apply to the video stream that is the output of the de-packeti zation process.

The following medialevel SDP field is defined for PSS:

- "a=framesize:<payload type number> <width>-<height>"

The frame size field in SDP is needed by the client in order to properly allocate frame buffer memory. For H.264
(AVC) streams, the frame size shall be extracted from the sprop-parameters-sets parameter in the SDP, when present.
For H.265 (HEV C) streams, the frame size shall be extracted from the sprop-sps parameter in the SDP, when present.

If this attribute is present, the frame size parameters shall exactly match the largest frame size defined in the video
stream. The width and height values shall be expressed in pixels.

If RTP retransmission is supported, the following SDP attribute shall be supported by the client and server:

- "a=rtcp-fb" according to clause 4.2 in [57].
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If CVO information is signalled in the RTP Header Extension as specified in clause 6.2.5, the PSS server shall signal
thisin the SDP by including the a=extmap attribute [114] indicating the CVO URN under the relevant media line scope.
The CVO URN is: ur n: 3gpp: vi deo- ori ent ati on. Hereisan example usage of this URN to signal CVO
relative to amedialine:

a=ext map: 7 urn: 3gpp: vi deo-orientation
The number 7 in the example may be replaced with any number in the range 1-14.

If Higher Granularity CV O information is signalled in the RTP Header Extension as specified in clause 6.2.5, the PSS
server shall signal thisin the SDP in asimilar fashion with the CVO URN: ur n: 3gpp: vi deo-ori ent ati on: 6.
Here is an example usage of thisURN to signal CVO relative to a medialine:

a=extmap: 5 urn: 3gpp: vi deo-ori entation: 6
The following medialevel SDP attribute is defined, in ABNF [53] format, for PSS:

sdp- 3GPP- frane- packi ng-type-line = "a" "=" "3GPP-franepacki ngtype" ":" franme-packing-type ":"
payl oad-type- nunber CRLF

frame-packing-type = 1*DIAT
payl oad-type-nunber = 1*DIG T

The frame-packing-type val ue specifies the frame packing format of the described frame-packed stereoscopic 3D video.
The frame-packing-type value is an integer value that shall be equal to avalue in the ‘Vaue column of
VideoFramePackingType table specified in [116] and be interpreted according to the ‘ Interpretation’ column in the
same table. The payload-type-number value indicates to which payload formats the attribute applies to.

If offering frame-packed stereoscopic 3D video as defined in clause 7.4, a PSS server shall include the sdp-3GPP-
frame-packing-type-line at the medialevel. If a PSS client supports frame packed stereoscopic 3D video as defined in
clause 7.4, then it shall be able to interpret this SDP attribute when present. The absence of this attribute indicates that
the video component is not a frame-packed stereoscopic 3D video.

NOTE: If a PSS client supports frame-packed stereoscopic 3D video, frame packing types as defined in clause 7.4
are supported by the PSS client.

5.3.33 The "alt" and "alt-default-id" attributes

The client should interpret the following two medialevel attributes: "alt" and "alt-default-id". A client from earlier
releases will ignore these attributes and can safely do so in a correctly formatted SDP. If the attributes are used by the
server they shall be used in away that makes them backward compatible. When interpreted, they define a number of
alternatives from which the client can select the most appropriate one.

A non-extended SDP gives only one alternative for each media part (Annex A.1 Example 1). Thisisthe default
alternative for each media. The new SDP attributes defined here are used to modify the default attributes or to add new
attributes to the default attributes thus creating new alternatives. Each aternative is numerically identified.

The aternative attribute "alt" is used to replace or add an SDP line to the default configuration. If the alternative
attribute contains an SDP line, for which the type and the modifier aready exist in the default alternative, the default
must be replaced with the given ling(s). In case there are multiple lines with the same type and modifier in the default
alternative, all of the lines must be replaced. Multiple aternative lines can be used to modify the default alternative. The
aternative lines that are used to form a certain aternative shall al carry the same numerical identifier (Annex A.1,
Examples 2-4).

The aternative identifier is aunique identifier that points out a single aternative in one media declaration. The
identifier must be unique between all media descriptions and their alternatives asit is used for creating combinations
between different medias with the grouping attribute (see 5.3.3.4).

The default configuration isin itself avalid aternative. Therefore an attribute (alt-default-id) is defined that assigns an
alternative identifier to the default alternative. Thisidentifier can then be used with the grouping attribute (see 5.3.3.4)
to create combinations of alternatives from different medias.

The alternative attribute is defined below in ABNF from RFC 4234 [53]. The SDP lineis any SDP line allowed at
medialevel except "m=".
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at ="a" "=""at"":" at-id":" SDP-line CRLF
SDP-line = <type>=<value> ; See RFC 4566 [6]
at-id = 1*DIGIT ; uniqueidentifier for the alternative in whole SDP.
To be able to assign an alternative ID to the default alternative, the following identification attribute is defined.
at-default-id ="g' "=" "alt-default-id" ":" alt-id CRLF

5.3.34 The session level grouping attribute, "alt-group”

The client should handle the following attribute: "alt-group™. A client from earlier releases will ignore this attribute and
can safely do so. When interpreted, it defines a number of grouping alternatives from which the client can select the
most appropriate one. The identifiers defined in 5.3.3.3 are used together with the "alt-group” attribute to create
combinations consisting of, e.g., one audio and one video aternative.

A grouping attribute is used to recommend certain combinations of media alternatives to the client. There may be more
than one grouping attribute at the session level aslong asthey are for different grouping types and subtypes.

at-group ="a" "=" "dt-group" ":" at-group-type ":" at-group-subtype ":" alt-grouping *(";" at-grouping) CRLF
alt-group-type =token ;"token" defined in RFC 4566 [6]

at-group-subtype = token

alt-grouping = grouping-value "=" alt-id *("," at-id)

grouping-va ue = token

The alt-group attribute gives one or more combinations of alternatives through their IDs. Each grouping shall be given a
grouping value. The grouping value is used to determine if the alternatives within the grouping suit the client. New
types and subtypes can be added | ater.

The following grouping types and subtypes are defined:

- Type: BW, Subtype: All modifiers defined for the SDP "b=" attribute at session and media level. See
www.lANA.org for current list of registered attributes.

Grouping value: The bandwidth value defined for that modifier calculated over al the alternatives grouped
together in that grouping. For SDP bandwidth modifiers defined at session level the value shall be calculated
according to itsrule over the alternative part of the grouping. For media-level-only modifiers, the grouping value
shall be calculated as a sum of the media-level valuesin the grouped aternatives. For TIAS [93] the bandwidth
value aloneis not sufficient to provide areceiver with sufficient information to make a decision. The SDP
attribute "maxprate” is also needed. To provide thisinformation in the grouping-val ue the following syntax shall
be used: <bit-rate>_<maxprate>, where <bit-rate> is the bit-rate value for TIAS and <maxprate> is the maxprate
value corresponding to the SDP attribute.

Grouping recommendations. Each grouping should only contain one alternative from each mediatype. Thereis
no need to give groupings for al combinations between the media aternatives, rather it is strongly recommended
to only give the most suitable combinations (Annex A.1 Example 5). The client can use the bandwidth values of
the grouping to estimate the minimum, guaranteed or maximum bandwidth that will be needed for that session.

- Type: LANG Subtype: RFC3066

Grouping value: A language tag as defined by RFC 3066 [54]. The grouping MUST contain all media
alternatives, which support that language tag.

Grouping recommendations: It is recommended that other mechanisms, like user profilesif existing, are
primarily used to ensure that the content has language suitable for the user (Annex A.1, Example 6).

Se also Annex A1, Examples 7 through 16. In the examples al three new attributes "alt", "at-default-id" and "alt-
group" are used.
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5.3.35 The bit-rate adaptation support attribute, "3GPP-Adaptation-Support"
To signa the support of bit-rate adaptation, a medialevel only SDP attribute is defined in ABNF [53]:
sdp-Adaptation-line ="a" "=" "3GPP-Adaptation-Support" ":" report-frequency CRLF
report-frequency = NonZeroDIGIT [ DIGIT ]
NonZeroDIGIT =%x31-39 ;19
A server implementing rate adaptation shall signal the "3GPP-Adaptation-Support” attribute in its SDP.

A client receiving an SDP description where the SDP attribute "3GPP-Adaptation-Support" is present knows that the
server provides rate adaptation. The client, if it supports bit-rate adaptation, shall then in its subsequent RTSP signalling
use the "3GPP-Adaptation” header asdefined in clause 5.3.2.2, as well asthe RTCP Next Application Data Unit (NADU)
APP packet for reporting the next unit to be decoded, as defined in clause 6.2.3.2.

The SDP attribute shall only be present at the media level. The report frequency value, which shall be larger than zero,
indicates to the client that it shall include a NADU APP packet in a compound RTCP packet no less often than the
interval specified by report-frequency, except prior to receipt of RTP media packets, when the client is unable to
generate avalid NADU APP packet. For example, if thisvalueis 3, the client shall send the NADU APP packet in at
least every 39 RTCP packet.

5.3.3.6 The Quality of Experience support attribute, "3GPP-QoE-Metrics"

PSS servers using QoE-Metrics in a session shall use SDP to initiate the QoE negotiation. The reason why SDPis
needed is to support the use cases where SDP is distributed through other methods than RTSP DESCRIBE, e.g. WAP,
HTTP or email. A new SDP attribute, which can be used either at session or medialevel, is defined below in ABNF
[53] based on RFC 4566 [6]:

QOE-Metrics-line  ="a""=""3GPP-QoE-Metrics." att-measure-spec *("," att-measure-spec)) CRLF

att-measure-spec = Metrics";" Sending-rate [";" Measure-Range] *([";" Parameter-Ext])

Metrics = asdefined in clause 5.3.2.3.1.
Sending-Rate = asdefined in clause 5.3.2.3.1.
M easure-Range = asdefined in clause 5.3.2.3.1.
Parameter-Ext = asdefined in clause 5.3.2.3.1.

PSS servers using QoE-Metricsin a session shall use this attribute to indicate that QOE metrics are supported and will
be sent. When present at session level, it shall only contain metrics that apply to the complete session. When present at
medialevel, it shall only contain metrics that are applicable to individual media. The URI that is used in the
specification of the RTSP header "3GPP-QoE-Metrics:" isimplicit by the RTSP control URI (a=control).

5.3.3.7 The asset information attribute, "3GPP-Asset-Information”

This asset information attribute is defined to transmit asset information in SDP. The attribute is defined ABNF [53]:

3GPP-Assets-Info ="a" "=" "3GPP-Asset-Information:" Asset 0*("," Asset) CRLF

Asset =("{" "url" "=" <">URL<">"}") / ("{"AssetName "=" AssetBox "}")
URL = asdefined in [60]
AssetName ="Title" / "Description" / "Copyright" / "Performer" / " Author" / "Genre" / "Rating" /

"Classification" / "Keywords" / "Location" / "Album" / "RecordingY ear" /"Collection" /

"UserRating" / "Thumbnail" / asset-extension

asset-extension 1*((0x01..0x09) / 0x0Ob / 0x0c / (0x0e..0x1f) / (0x21..0x2b) / (0x2d..0x3c) / (0x3e..0x7a) /

0x7c / (0x7d..0xff)) ;any byte except SP, NUL, CR, LF, "=","","{" or"}"
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AssetBox = Base64 encoded version [69] of any asset box as defined in Clause 8 of [50].
This SDP attribute can be present at session level, medialevel or both. Multiple instances of the attribute are allowed.

The resource referenced by the URL can be any pre-formatted data, e.g. an XHTML page or XML file, containing any
asset information. It is up to the client’s capability and user’ s preference to render the information pointed by the URL.

Example 17 in Clause A.1 shows an SDP file that includes the " 3GPP-Asset-Information™” attribute.
5.3.3.8 OMA-DM Configuration of QoE Metrics

5.3.3.8.0 General

Asan optional aternative to configuring the QoE reporting for each session via SDP/RTSP, OMA-DM can be used to
specify the default QoE configuration. If such a default QoE configuration has been specified, it shall be used by the
terminal for all subsequent PSS sessions where no session-specific QoE configuration is received. QoE reporting based
on the default OMA configuration shall always be done over HTTP with the XML reporting format. If the PSS client
does not support HTTP reporting it shall not send default QoE reports.

Any session-specific QoE configuration received shall have higher priority, and in such cases override any default
OMA-DM QoE configuration for that session.

For OMA-DM QoE configuration the parameters are specified according to the following Managed Object (MO).
Version numbering isincluded for possible extension of the MO.

The Management Object Identifier shall be: urn:oma: mo:ext-3gpp-pssqoe: 1.0.

Protocol compatibility: The MO is compatible with OMA Device Management protocol specifications, version 1.2 and
upwards, and is defined using the OMA DM Device Description Framework as described in the Enabler Release
Definition OMA-ERELD _DM-V1_2[100].

5.3.3.8.1 QOE metrics reporting management object

The following nodes and leaf objects shall be contained under the 3GPP_PSSQOE node if a PSS client supports the
feature described in this clause (information of DDF for thisMO is given in Annex P):
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Format?

Rules?

Metrics?

Session?

Ext?

Speech? Metrics?

Ext?

Video? Metrics?

Ext?

Text? Metrics?

Ext?

AN

Ext?

Node: /<X>

Thisinterior node specifies the unique object id of a PSS QoE metrics management object. The purpose of thisinterior
node is to group together the parameters of a single object.

- Occurrence: ZeroOrOne
- Format: node
- Minimum Access Types: Get

The following interior nodes shall be contained if the PSS client supports the " PSS QoE metrics Management Object”.

[<X>/Servers

Thisleaf contains a space-separated list of serversto which the QoE reports are transmitted. It is URI addresses, e.g.
http://qoeserver.operator.com. In case of multiple servers, the PSS client randomly selects one of the servers from the
list, with uniform distribution.

- Occurrence: One
- Format: chr

- Minimum Access Types. Get
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- Values: URI of the serversto receive the QOE report.

/<X>/Enabled

Thisleaf indicatesif QOE reporting is requested by the provider.
- Occurrence: One
- Format: bool

- Minimum Access Types. Get

[<X>/APN

Thisleaf contains the Access Point Name that should be used for establishing the PDP context on which the QoE metric
reports will be transmitted. This may be used to ensure that no costs are charged for QOE metrics reporting. If this leaf
is not defined then any QOE reporting is done over the default access point.

- Occurrence: ZeroOrOne

Format: chr

- Minimum Access Types. Get

- Vaues: the Access Point Name
/<X>/Format
Thisleaf specifiesthe format of the report and if compression (Gzip XML) [59] is used.

- Occurrence: ZeroOrOne

Format: chr

Minimum Access Types. Get

- Vaues "XML", "GZIPXML".

/<X>/Rules

Thisleaf providesin textual format the rules used to decide whether metrics are to be reported to the QoE metrics report
server. The syntax and semantics of thisleaf are defined in sub-clause 5.3.3.8.2.

- Occurrence: ZeroOrOne

Format: chr

- Minimum Access Types. Get

- Values: See clause 5.3.3.8.2.

[<X>/EXxt

The Ext node is an interior node where the vendor specific information can be placed (vendor includes application
vendor, device vendor etc.). Usually the vendor extension is identified by vendor specific name under the ext node. The
tree structure under the vendor identified is not defined and can therefore include one or more un-standardized sub-
trees.

- Occurrence: ZeroOrOne
- Format: node

- Minimum Access Types: Get

/<X>/Session
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The Session node is the starting point of the session level QoE metrics definitions.
- Occurrence: ZeroOrOne
- Format: node

- Minimum Access Types. Get

[<X>/Session/Metrics

Thisleaf providesin textual format the QOE metrics that need to be reported, the measurement frequency, the reporting
interval and the reporting range. The syntax and semantics of this leaf are identical to the QoE-Header defined in clause
5.3.2.3.

- Occurrence: ZeroOrOne

Format: chr

- Minimum Access Types. Get

- Vaues: seeclause 5.3.2.3.

[<X>/Session/Ext

The Ext node is an interior node where the vendor specific information can be placed (vendor meaning application
vendor, device vendor etc.). Usually the vendor extension is identified by vendor specific name under the ext node. The
tree structure under the vendor identified is not defined and can therefore include one or more un-standardized sub-
trees.

- Occurrence: ZeroOrOne
- Format: node

- Minimum Access Types: Get

/<X>/Speech

The Speech node is the starting point of the speech/audio medialevel QOE metrics definitions.
- Occurrence: ZeroOrOne

- Format: node

- Minimum Access Types: Get

/<X>/Speech/Metrics

Thisleaf providesin textual format the QoE metrics that need to be reported, the measurement frequency, the reporting
interval and the reporting range. The syntax and semantics of this leaf are identical to the QoE-Header defined in clause
5.323.

- Occurrence: ZeroOrOne

Format: chr

Minimum Access Types. Get

- Vaues: seeclause 5.3.2.3.

/<X >ISpeech/Ext

The Ext node is an interior node where the vendor specific information can be placed (vendor meaning application
vendor, device vendor etc.). Usually the vendor extension is identified by vendor specific name under the ext node. The
tree structure under the vendor identified is not defined and can therefore include one or more un-standardized sub-
trees.
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- Occurrence: ZeroOrOne
- Format: node

- Minimum Access Types: Get

[<X>/Video

The Video node is the starting point of the video media level QoE metrics definitions.
- Occurrence: ZeroOrOne

- Format: node

- Minimum Access Types. Get

[<X>/Video/Metrics

Thisleaf providesin textual format the QoE metrics that need to be reported, the measurement frequency, the reporting
interval and the reporting range. The syntax and semantics of this leaf are identical to the QoE-Header defined in clause
5.323.

- Occurrence: ZeroOrOne

Format: chr
- Access Types: Get

- Vaues: seeclause 5.3.2.3.

[<X>/Video/Ext

The Ext isan interior node where the vendor specific information can be placed (vendor meaning application vendor,
device vendor etc.). Usually the vendor extension isidentified by vendor specific name under the Ext node. The tree
structure under the vendor identified is not defined and can therefore include one or more un-standardized sub-trees.

- Occurrence: ZeroOrOne
- Format: node

- Minimum Access Types: Get

[<X>[Text
The Text node is the starting point of the timed-text media level QOE metrics definitions.
- Occurrence: ZeroOrOne

- Format: node

Minimum Access Types. Get

- Values: seeclause 5.3.2.3.

[<X>[Text/Metrics

Thisleaf providesin textual format the QOE metrics that need to be reported, the measurement frequency, the reporting
interval and the reporting range. The syntax and semantics of this leaf are identical to the QoE-Header defined in clause
5.323.

- Occurrence: ZeroOrOne
- Format: chr

- Minimum Access Types. Get
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- Vaues: seeclause 5.3.2.3.

[<X>[Text/Ext

The Ext isan interior node where the vendor specific information can be placed (vendor meaning application vendor,
device vendor etc.). Usualy the vendor extension is identified by vendor specific name under the ext node. The tree
structure under the vendor identified is not defined and can therefore include one or more un-standardized sub-trees.

- Occurrence: ZeroOrOne
- Format: node

- Minimum Access Types. Get

5.3.3.8.2 QOE reporting rule definition

This clause defines the syntax and semantics of a set of rules which are used to reduce the amount of reporting to the
QOE metrics report server. The syntax of the metrics reporting rules is defined below:

- QoE-Rule ="3GPP-QoE-Rule" ":" rule-spec *("," rule-spec)

- rule-spec =rule-name[";" parameters]

- rule-name ="LimitSessioninterval" / " SamplePercentage"

- parameters = parameter *(";" parameter)

- parameter = Param-Name ["=" Param-Value]

- Param-Name = 1*((0x21..0x2b) / (0x2d..0x3a) / (0x3c..0x7a) / Ox7€) ;VCHAR except ":","", "{" or "}"
- Param-Value = (I*DIGIT ["." 1*DIGIT]) / (1* ((0x21..0x2b) / (0x2d..0x3a) / (0x3c..0x7a) / Ox7c / OX7€))

The semantics of the rules and the syntax of its parameters are defined below:

The SamplePercentage rule can be used to set a percentage sample of calls which should report reception. This can be
useful for statistical data analysis of large populations while increasing scalability due to reduced total uplink signalling.
The sample_percentage parameter takes on a value between 0 and 100, including the use of decimals. It is
recommended that no more than 3 digits follow a decimal point (e.g. 67.323 is sufficient precision).

When the SamplePercentage rule is not present or its sample_percentage parameter value is 100 each PSS client shall
send metric report(s). If the sample_percentage value is less than 100, the UE generates a random number which is
uniformly distributed in the range of 0 to 100. The UE sends the reception report when the generated random number is
of alower value than the sample_percentage value.

The LimitSessioninterval ruleis used to limit the time interval between consecutive sessions that report metrics. The
min_interval parameter for this rule indicates the minimum time distance, in seconds, between the start of two sessions
that are allowed to report metrics. When thisrule is absent there is no limitation on the minimum time interval.

In case multiple rules are defined in the Management Object, the PSS client should only report metrics when all
individual rules evaluate to true (i.e. the rules are logically ANDed). In case no rules are present the PSS client should
always report metrics (see also clause xx for metrics reporting procedures).

An example for a QoE metric reporting rule is shown below:
3GPP-QoE-Rule: SamplePercentage;sample_percentage=10.0,LimitSessionl nterval;min_interval=300

This example rule defines that only 10% of the sessions shall report, with the minimum time interval between the start
times of two consecutive sessions that report metrics to be 5 minutes.

54 MIME media types

For continuous media the following MIME media types shall be used:

- AMR narrow-band speech codec (see sub-clause 7.2) MIME mediatype as defined in [11];
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1)

2)

3)

1)

2)

3)

4)

AMR wideband speech codec (see sub-clause 7.2) MIME media type as defined in [11];

Extended AMR-WB codec (see sub-clause 7.3) MIME mediatype as defined in [85];

Enhanced aacPlus and MPEG-4 AAC audio codecs (see clause 7.3) MIME media type as defined in RFC 6416
[I'lr?g.followi ng appliesto servers when this MIME typeis used in SDP:

Configuration information is exclusively carried out-of-band in the SDP "config" parameter; this shall be
signaled by sending "cpresent=0".

A PSS server serving implicitly signaled Enhanced aacPlus content shall include " SBR-enabled=1" in the
"a=fmtp" ling; it shall include "SBR-enabled=0" if it serves plain AAC content.

A PSS server serving explicitly signaled content is recommended not to include the " SBR-enabled" parameter in
the "a=fmtp" line.

Therefore, the following appliesto terminals:

The rtpmap rate parameter should not be considered definitive of the sampling rate (though it is, of course,
definitive of the timescale of the RTP timestamps).

If explicit signaling isin use, the StreamMuxConfig contains both the core AAC sampling rate and the SBR
sampling rate. The appropriate output sampling rate may be chosen dependant on Enhanced aacPlus support.

If explicit signalling is not in use and no SBR-enabled parameter is present, the StreamMuxConfig contains the
AAC sampling rate and the appropriate output sampling rate may be set to thisindicated rate.

If explicit signalling is not in use and the SBR-enabled parameter is present, terminals supporting Enhanced
aacPlus should set the output sampling rate to either the core AAC sampling rate as indicated in the
StreamMuxConfig [21] (where "SBR-enabled” is set to "0") or twice the indicated rate (where " SBR-enabled"” is
setto"1");

- H.264 (AVC) [90] video codec (see sub-clause 7.4) MIME mediatype as defined in [92];
H.265 (HEVC) [117] video codec (see sub-clause 7.4) MIME mediatype as defined in [118];
3GPP timed text format [51] MIME mediatype as defined in sub-clause 7.1 of [80];
enc-isoff-generic MIME mediatype as defined in [102] and used in Annex R;

RTP retransmission payload format MIME mediatypes as defined in clause 8 of [81].

MIME mediatypes for JPEG, GIF, PNG, SP-MIDI, Mobile DLS, Mobile XMF, SVG, timed text and 3GP can be used
in the " Content-type" field in HTTP, "content_type" field in the item information box of 3GP files. The following
MIME mediatypes shall be used for these media:

JPEG (see sub-clause 7.5) MIME mediatype as defined in [15];

GIF (see sub-clause 7.6) MIME mediatype as defined in [15];

PNG (see sub-clause 7.6) MIME mediatype as defined in [38];

SP-MIDI (see sub-clause 7.3A) MIME mediatype as defined in clause C.2 in Annex C of the present document;
DLS MIME mediatype to represent Mobile DL S (see sub-clause 7.3A) as defined in [97];

Mobile XMF (see sub-clause 7.3A) MIME mediatype as defined in clause C.3 in Annex C of the present
document;

SVG (see sub-clause 7.7) MIME mediatype as defined in [42];
Timed text (see sub-clause 7.9) MIME media type as defined in [79];
3GP files (see sub-clause 7.10) MIME mediatype as defined in [79].
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NOTE: The3GP MIME mediatype[79] isused for al 3GP files, including 3GP files carrying timed text,
images, etc.

5.5 Extension for Fast Content Switching and Start-up

55.1 Introduction

Applications which are built on top of packet switched streaming (PSS) services are classified into on-demand and live
information delivery applications. This clause defines procedures to alow faster start up and switching of content for
both on-demand and live applications by reducing the client/server interactions to a minimum. Additionally, clients are
enabled to reuse the existing RTSP control session and RTP resources while switching to new content.

55.2 Extensions to RTSP 1.0

5521 Introduction

Various general RT SP extensions are required for support of fast content start-up and switching. These extensions must
be implemented by PSS clients and servers wishing to support any of these features.

The following new RTSP feature tags are defined:
- "3gpp-pipelined" feature-tag, section 5.5.3
- "3gpp-switch" feature-tag, section 5.5.4.3
- "3gpp-switch-reg-sdp” feature-tag, section 5.5.4.4
- "3gpp-switch-stream™ feature-tag, section 5.5.4.5
In addition the following new RTSP header fields are defined:
- "Switch-Stream" header, section 5.5.4.2
- "SDP-Requested" header, section 5.5.4.4
"Pipelined-Requests’ header, section 5.5.3

5.5.2.2 Capability Handling

55.22.1 Introduction

The PSS client shall determine the PSS server’s capabilities and indicate its own capabilities to the server using the
"Supported” header field (see clause 5.5.2.2.2) asearly as possible (e.g. with the DESCRIBE request).

The "Require" header field is used as defined in RFC 2326 [5] to ensure that a certain feature is supported by the PSS
server. An unsupported feature shall cause the containing request to fail with a 551 reply code and " Option not
supported" asthe reason. The 551 reply shall also include the unsupported features in the "Unsupported” header field.
The "Require" header field should not be used for probing support for features but rather to make sure that a specific
request is executed correctly with the specified features.

5.5.2.2.2 Definition of the "Supported" RTSP Header Field
PSS clients and servers must support the " Supported” RTSP header field.

The "Supported” header field enumerates all the extensions supported by the client or server using feature tags. The
header carries the extensions supported by the message sending entity. The " Supported” header may be included in any
request. When present in arequest, the server shall respond with its corresponding " Supported” header.

If an RTSP request includes a " Supported” header but the corresponding response does not include this header field,
then the PSS client shall assume that the PSS server does not support any of the indicated features
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Note, the " Supported" header must be included in error as well as success responses.

The Supported header field contains alist of feature-tags, described in Section 5.5.2.1, that are understood by the client
or server.

Example:

C->S:  OPTIONS rtsp://3gpp.org/ RTSP/1.0
CSeqi 1
Supported: 3gpp-pipelined

S>C: RTSP/1.0200 OK
CSeg: 1
Public: OPTIONS, DESCRIBE, SETUP, PLAY, PAUSE, TEARDOWN
Supported: 3gpp-pipelined, 3gpp-switch, 3gpp-switch-reg-sdp, 3gpp-switch-stream

5523 SSRC in the "RTP-Info" RTSP Header Field

The"RTP-Info" response header field is used to set RTP-specific parametersin the PLAY response. For streams using
RTP as transport protocol the "RTP-Info" header is always part of a 200 responseto PLAY (as defined in Annex A.2.1).
In addition to the parameters defined in RFC 2326 [5], the "RTP-Info" header may aso include a synchronization
source (SSRC) parameter.

Note. The SSRC parameter is mandatory for some content switching procedures defined in clause 5.5.4.

The SSRC parameter gives the synchronization source (SSRC) of the RTP flow to which the RTP timestamp and
sequence number apply. It isonly possible to describe one synchronization source (SSRC) per media resource.

After afast content switch (FCS) the SSRC source used on a specific RTP session may change. In the event that the
SSRC changes, it shall be included in the RTP-Info header. The PSS server shall change the SSRC value for a specific
RTP session after afast content switching operation is performed and

- if the payload type of the old and of the new media stream is the same but the media codec configuration is
different, or

- if the mapping of the new media stream is otherwise unknown to the PSS client.

In case the SSRC remains unchanged after a content switch, the RTP sequence number and timestamp should be
continuous and shall be monotonically increasing. Otherwise, arandom RTP sequence number and timestamp should be
used.

Further details on the usage of the SSRC are described in clause 5.5.3 or clause 5.5.4. Note the SSRC may only be
included in the "RTP-Info" header, if the client has requested one of the features defined in clause 5.5.3 or clause
5.5.4.The"RTP-Info" header syntax in ABNF [53] is as follows:

RTP-Info = "RTP-Info" ":"rtsp-info-spec *("," rtp-info-spec) CRLF

rtsp-info-spec=stream-url 1* parameter

stream-url = "url" "=" rtsp-url
parameter = ";" "ssr¢" "=" 8HEX
/" "seq "=" 1*DIGIT
/" "rtptime" "=" 1*DIGIT
5524 Semantics of RTSP PLAY method

The queued PLAY functionality described in RFC 2326 [5] isremoved. If aPLAY request isreceived for an RTSP
session that isin the Playing State, then the server shall immediately execute the new PLAY request and terminate the
old.

ETSI



3GPP TS 26.234 version 16.1.0 Release 16 57 ETSI TS 126 234 V16.1.0 (2020-10)

55.3 Start-up

In order to improve start-up times, a client may pipeline all necessary SETUP requests and the PLAY request. This
alows streaming to begin with asingle RTSP round trip if the client already has the SDP (or other adequate content
description), or two round trips if it needsto first perform a DESCRIBE in order to receive the necessary information.

If the client intends to send upstream packets to ensure correctly open firewalls (also called port punching packets), then
the client should not send a PLAY request until all SETUP responses are received. Pipelining of SETUP requestsis still
possible in this case.

If the client uses RTSP DESCRIBE to fetch the SDP from the server, then the client shall probe the server capabilities
as described in clause 5.5.2.2 using the feature-tag value " 3gpp-pipelined".

The client shall add the RTSP "Require" header to all but the first pipelined RTSP SETUP request with the value "3gpp-
pipelined”. Note that the first RTSP SETUP request shall not use a"Require” header. Thiswill allow the PSS client to
interoperate with minimal impact with older servers that do not support this feature.

Since the session does hot yet exist when these pipelined messages are sent, a request header is defined which allows
the client to inform the server that these messages are to be carried on the same session once it is created. Clients
wishing to use pipelined start-up must implement the " Pipelined-Requests’ header in order to signal the session
grouping to the server.

The syntax of the "Pipelined-Requests' header is defined in ABNF [53] asfollows:
Pipe-Hdr = "Pipelined-Requests’ COLON startup-id
startup-id = 1*8DIGIT

The client should monitor whether the server behaves as declared.

A client unique "startup-id" is required until the client receives the session ID. The "startup-id” is unique for a particular
TCP connection. Pipelined requests using this header must be sent on the same TCP connection. The method through
which thisID is generated is to be decided by the client.

554 Fast Content Switching

5541 Introduction

In most cases, a content switch can be initiated with a single RTSP request. In order to preserve interoperability with
RTSP aware intermediate devices such as application layer gateways, PSS clients should ensure that SETUP requests
and responses are sent for each RTP/RTCP port pair to be used. Once a port pair has been negotiated, it may be reused
for subsequent content upon a switch.

55.4.2 "Switch-Stream" RTSP Header Field

The "Switch-Stream™" header field may be used inan RTSP PLAY request or an RTSP PLAY response message. Itis
used to describe the replacement of media streams after a content switch. The "Switch-Stream” header field may be
used with aggregated control and with media control URLSs.

The "Switch-Stream" header syntax in ABNF [53] isasfollows:

Switch-Stream =" Switch-Stream” COLON switch-spec *(COMMA switch-spec) CRLF
switch-spec = old-stream";" new-stream

old-stream ="old" "=" (DQ rtsp-url DQ) / (DQ DQ)

new-stream ="npew" "=" (DQ rtsp-url DQ) / (DQ DQ)

rtsp-url = asdefined in RFC 2326 [5]

DQ = %x22 ; US-ASCII double-quote mark (34)

LWS = [CRLF] 1*( SP/HT)
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SWS = [LWY] ; sep whitespace
COMMA = *(SP/HT)"," SWS; comma
COLON = * (SP/HT)":" SWS; colon

If both old media stream and new media stream URL s are indicated in the " Switch-Stream” header field of aPLAY
request from a PSS client to a PSS server, then the server shall interpret this as arequest to replace the old media stream
with the new media stream, hence reusing the transport parameters of the old media stream for the new media stream.

If the " Switch-Stream” header field isincluded in aPLAY response from a PSS server to a PSS client, then this header
informs the client about the media streams that are currently being streamed to the PSS client. The old media stream
may be omitted in this case.

If only the new media stream URL isindicated in the " Switch-Stream" header field of aPLAY request from a PSS
client to a PSS server, then the PSS server shall interpret this as a request to switch to the new media stream. The PSS
server decides the mapping. The PSS server shall indicate the SSRC of the new media stream in the RTP-Info of the
reply, in order to enable the PSS client to |ocate the new stream.

If only the old stream URL isindicated in the " Switch-Stream™ header field of aPLAY request from a PSS client to a
PSS server, then the PSS server shal interpret this as a request for complete removal of the specified media stream. The
client and the server release the resources for this stream without explicit TEARDOWN signalling. The usage of the
switch-stream header is defined in clauses 5.5.4.3, 5.5.4.4 and 5.5.4.7.

5.54.3 Switching to new content with available SDP

This clause defines all necessary PSS client and PSS server features for fast content switching where the UE already has
the SDP for the new content locally available. The UE may have fetched the SDP file using RTSP DESCRIBE or HTTP
GET or in any other method. Clients should assume that the herein defined fast content switching procedureis
supported for all content items offered by this server. This PSS feature reduces the switching to new content to asingle
client-server interaction.

The feature-tag indicating this feature is " 3gpp-switch". The client should probe the server capabilities as early as
possible in the communication using the " 3gpp-switch" in the " Supported" header as defined in 5.5.2.2.2. The client
shall use the "Require" header with this feature tag value, when requesting this behaviour from the server. The server
shall usethe PLAY method as defined in 5.5.2.4 with the "3gpp-switch" feature tag in the "Require" header when the
client requests this feature. Thus, the server replaces the current RTSP PLAY request by the new reguest resulting in a
switch of streamed content.

When the PSS client wants to change the content of the RTSP session, the PSS client sends aPLAY request with the
aggregated control URI of the new content to the PSS server. Note, the aggregated control URI is defined in the SDP
file by the session level "a=control:" attribute.

The PSS client shall add the media control URIs of the new streams in the " Switch-Stream" header field to the RTSP
PLAY method request. Whenever possible, the PSS client shall map the media control URIs of the same mediatype
(e.g. audio or video) in the old content to the same media type of the new session. Note, thisis only applicable for
media types, which are present in the old and new content. The server includes always the " Switch-Stream" header in
the response. The "Switch-Stream” header field is defined in 5.5.2.4.

If the SSRC have changed, then the server shall indicate the new SSRC values of the new media streams within the
"RTP-Info" header in the response. The SSRC entry for the "RTP-Info" is defined in clause 5.5.2.3.

Note, if the new SDP contains more media components than the current session, the client may switch according to this
section, describing the desired components in the " Switch-Stream” header, and add the missing components using the
method defined in 5.5.4.6.

If less media components are described in the new SDP than currently in use, the client and the server remove the
component as defined in 5.5.4.7.

The entity-tag attribute ("a=etag" as specified in [5]) may be used in order to ensure that SDP information is used only
if itisvalid. When a PSS client requests a switch to content for which an entity-tag is available, it should include the
"If-Match" header and the etag value in the PLAY request. A PSS server shall validate the entity-tag in the If-Match
headers prior to accepting the request. If the entity-tag is not valid, the server shall return either 412 (Precondition
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Failed) or if the client has previously communicated support for the " 3gpp-switch-reg-sdp” feature, the server may
respond with a current SDP in an appropriate success response, as defined in Section 5.5.4.4.

5.54.4 Switching to new content without SDP

Clients should assume, that the here defined fast content switching procedure is supported for al content items offered
by this server. The client uses the URL of the SDP file as content URL to describe the new content item.

Without an SDP or other adequate content description, the client is unable to specify the streams to which it wishes to
subscribe. In order to initiate a content switch within asingle RTSP round trip, the client may performaPLAY request
to initiate a switch via content URL without specifying individual streams. This allows the client to request that the
server return the SDP, initiate a new session, setup all relevant media streams (or make an appropriate stream selection),
and begin playback. The content URL used inthe PLAY request is the same content URL used in aDESCRIBE. In
order to signal that it wishes to receive the description and make a switch, the client shall include the " SDP-Requested"
header as defined below. This header is defined as follows:

SDP-Requested-Header =" SDP-Requested” COLON "1"

If aserver receivesaPLAY request and completes all actions successfully, the server responds with the SDP, Session-
ID, RTP-Info, and a" Switch-Stream" descriptor and begins streaming immediately. Whenever possible, the PSS server
shall map the media control URIs of the same mediatype (e.g. audio or video) in the old content to the same media type
of the new session. Note, thisis only applicable for media types, which are present in the old and new content. The
RTP-Infointhe PLAY response must contain the SSRC for each stream as defined in 5.5.2.3. The server may issue a
new session ID in the response, or it may re-use the existing session ID. The client must be prepared for either case.

If the server is not yet able to begin streaming, it responds with a 202 (Accepted) success code and with the SDP. The
client may then perform a switch as described in 5.5.4.3 specifying the streams it would like to receive. This condition
can occur if the server requires further client input regarding stream setup prior to beginning playback - for instance if
the content requested contains multiple language switch groups and the server does not have the information necessary
to choose alanguage.

If the server is not yet able to begin transmitting all the media streams, it can begin a subset of the streams and respond
with a 206 (Partial Data) success code and the SDP. The " Switch-Stream" header and the "RTP-Info" header will
indicate which streams have been selected for playback. The client may then add additional media components as
described in 5.5.4.6.

If fewer media components are described in the new SDP than currently in use, then the server responds with a 200
(OK). The terminal shall remove the "unused" media components as defined in clause 5.5.4.7.

The client and the server shall release the resources for the unused streams without explicit TEARDOWN signalling.

The feature tag " 3gpp-switch-reg-sdp” is defined to describe support for this feature. The client should probe the server
capabilities as early as possible in the communication using the " Supported” header as defined in 5.5.2.2 and shall use
the "Require" header with this feature tag value when requesting this behaviour from the server. The server shall use the
PLAY method semantics defined in 5.5.2.4 when the client requests this feature.

5545 Switching Media described in one SDP

Some content may be available for streaming in different representations. An example of such a use caseisthelive
streaming of a sport event with multiple cameraviews. The SDP available at the receiver describes multiple options for
one or several mediatypes (e.g. video, audio, or subtitles). Upon initial setup of the session, the player (or the user)
selects the preferred combination of the presentation to be consumed and sets up the corresponding media streams. At a
later point, the user may trigger a switch to a different media stream carrying an alternative representation of the media.

The PLAY request is sent with the " Switch-Stream" header field as defined in clause 5.5.4.2 indicating the URL s of
both the old media stream and the new replacement stream. Upon receiving aPLAY request with a " Switch-Stream”
header field for an active session, a PSS server that supports this feature switches to the new media stream using the
same transport parameters described in the initial SETUP request for the old media stream. After successfully
processing the request, the PSS server shall reply with an "RTP-Info" header indicating all active media streamsin the
changed session. The "RTP-Info" header may include the SSRCs for each active media stream. The response may also
include the " Switch-Stream” header, indicating the stream switches that were successful. If the " Switch-Stream” header
field is not present in a successful response and the PSS server was identified to support the media switching
functionality, the receiver should assume that all requested switches were successful.

ETSI



3GPP TS 26.234 version 16.1.0 Release 16 60 ETSI TS 126 234 V16.1.0 (2020-10)

The feature tag " 3gpp-switch-stream" is defined to describe support for this feature. This feature tag is different than the
feature tag "3gpp-switch" feature described in 5.5.4.3 indicating the support for content (aggregated stream) switch.
The client should use the "Require" header with this feature tag val ue when requesting this behaviour from the server.
The server shall usethe PLAY method semantics as defined in 5.5.2.4 when the client requests this feature. Note that
several media streams of a presentation may be switched at the sametimein asingle PLAY request.

5.5.4.6 Adding Media Components to an ongoing session

It may happen that the new content stream consists of more media components than the ongoing content stream. In such
acase, the client is recommended to switch to the new content with the already established resources and add further
components afterwards.

The client should pipeline the setup requests for the new components after the content switching request (see clause
5.5.4). Theclient shall issuea PLAY request to start all addition media components without interrupting the existing. If
the client and server support the " 3gpp-pipelined” feature (see clause 5.5.3), then the client shall pipelinethe PLAY
request with the SETUP requests. The "RTP-Info" header contains the synchronization information for all media
components.

The session id value of the already established session shall be part of the SETUP request header to indicate the relation
of the media component to the already established components.
5.5.4.7 Removing Media Components from an ongoing session

A PSS client wishing to terminate the streaming of a specific media stream shall send a PLAY request with a " Switch-
Stream™ header indicating the URL of the media stream to be torn down as the old media stream. No URL for the new
media stream should be specified.

Upon receiving a PLAY request with "Switch-Stream” header field indicating that one or more media streams are to be
terminated, the server shall stop streaming the indicated media streams and release the used UDP ports for this media
component and free the associated resources. However, the other media streams should not be interrupted.

After successfully processing the request, the server shall reply with a success response message and a " Session” header
field, even if the session contains no more media streams.

The PSS client shall only use TEARDOWN to completely tear down the whole session.

5.6 Extension for Time-Shifting Support

56.1 Introduction

Time shifting functionality is designed to enhance the access to live streaming sessions. For this reason, the PSS server
maintains a time-shift buffer for each live feed. The server side timeshift buffer allows the PSS client to pause live
sessions and even navigate (rewind, fast forward) in the offered time-shift buffer range. A timeshift supporting PSS
client, which is connected to a timeshift supporting PSS server is able to perform some or al of the following operations
on timeshifted streaming sessions:

- Pause and resume the playout at alater point in time

- Start playout from (or seek to) aposition in the stream that correspondsto a past time instant in the live
streaming session

- Perform operations such as Fast and Slow Forward or Rewind (i.e. Trick Mode).

NOTE: the live streaming feed is not necessarily offered by the same PSS server as the time-shifted session. For
example, the PSS server may be handling time-shifting services for alive feed accessible asan MBMS
streaming service.

5.6.2 General Description

The PSS timeshift functionality requires the availability of one or more timeshift buffers on the server side. The size of
the timeshift buffer is determined by the server. This specification does not limit the size of the timeshift buffer.
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The timeshift buffer is defined by an upper and alower range. New live datais added at the upper range to the timeshift
buffer. If the timeshift buffer progresses as sliding window, then the server removes and discards data from the lower
range of the timeshift buffer. The upper range of the timeshift buffer is also referred to as current recording time.

The PSS server announces the availability of the timeshift feature and describes the current state of the time-shift buffer
in the RTSP SETUP response. The PSS server provides the current recording time and the current time-shift buffer
ranges with each RTSP PLAY and PAUSE response messages. The server may report updated timeshift buffer ranges
throughout the session via SET_PARAMETER messages and the client may request this information via
GET_PARAMETER requests.

In the following, two PSS timeshift use-cases are described to clarify the operations of PSS timeshift.

Usecase A: A user starts alive session using "range: npt=now-". The user enters timeshift operation at alater point by
pressing "pause”. The PSS client stores the value of the "current recording time" header, which is received with the
pause response message to resume the session. The PSS client is aware of the server side timeshift buffer ranges.

Usecase B: A user may directly start alive session in atimeshift operation, for instance when changing from broadcast
to reception of the same content. The PSS client may use absolute time representation (clock) to continue consuming
the content at the same media position.

5.6.2a Extensionsto RTSP 1.0

At least one PSS timeshift buffer is provided by the PSS server for at least one live stream. The PSS server may also
provide individual timeshift buffers per RTSP session. The PSS server announces the availability of the timeshift
feature and describes the current range of the time-shift buffer in the RTSP SETUP response.

The PSS client should always calculate current valid boundaries of the timeshift buffer.

The PSS timeshift feature may be used with either NPT or UTC time ranges. PSS clients that support time shifting shall
support also UTC time in addition to NPT.

If the PSS server supports PSS timeshifting as defined in this section, then the new RTSP headers 3GPP-TS-
CurrentRecording-Time and 3GPP-TS-Buffer shall be present in all server to client messages.

The Accept-Ranges header field may be used to check for the support of UTC time. The PSS server indicates the
preferred media range format for time shifting in the 3GPP-T S-CurrentRecording-Time and 3GPP-TS-Buffer headersin
the PLAY response. PLAY requests may contain the "npt=now-" range indication to seek to the upper range of the time
shift buffer. Other time shifting operations shall consistently use the same media range format that is indicated by the
PSS server.

5.6.3 Accept-Ranges

The Accept-Ranges reguest and response-header field allows indication of the format supported in the Range header.
The PSS client shall include the header in SETUP requests to indicate which formats it supportsin PLAY and PAUSE
responses and REDIRECT requests. The server shall include the header in the SETUP response and in any error
response caused by an unaccepted range format, to indicate the formats supported for the resource indicated by the
request URI.

This header has the following ABNF syntax:
- Accept-Ranges = "Accept-Ranges’ HCOLON acceptable-ranges CRLF
- acceptable-ranges = range-unit *(COMMA range-unit)

range-unit = "npt" / "utc"

5.6.4  Signalling Time Shifting Ranges

In order to allow the PSS server to provide the PSS client with the current ranges of the time shift buffer, two new
RTSP headers are defined.

The PSS client may start a PSS session already in "timeshift mode”.

ETSI



3GPP TS 26.234 version 16.1.0 Release 16 62 ETSI TS 126 234 V16.1.0 (2020-10)

The PSS server provides the upper bound of the timeshift buffer with the "3GPP-TS-CurrentRecording-Time" header.
The PSS client should not request playback beginning beyond the current recording time (i.e. no future playback times).
If a PSS server receivesa PLAY request outside of the time shift buffer range, the PSS server should handle the request
as arequest for the appropriate buffer boundary time. In case of arange request exceeding the range end time, this will
be the end time; in case of arange request beginning earlier than the buffer start time, thiswill be the start time. The
actual range streamed will then be reported in the 200 OK response message.

The PSS server describes the current available range for PSS time shifting with the "3GPP-TS-Buffer" header. This
header may use one of three descriptive formats, depending on the current state of the time-shift buffer. The client is
responsible for keeping track of the available timeshift buffer boundaries.

The "buffer-depth” parameter indicates the depth of the timeshift buffer in seconds. When this format isindicated, the
timeshift buffer is constantly filled to the specified depth; the timeshift buffer is progressed as a sliding window. The
PSS client calculates together with the information from the "3GPP-TS-CurrentRecording-Time" header the lower and
upper range of the timeshift buffer. The PSS client shall continuously update the upper and lower boundary of the
timeshift buffer.

The"interval" parameter can either indicate a closed range (two value) or an open range (one value) indicating absolute
times for the timeshift buffer ranges. No timeshift data is available earlier than the left range value of the 3GPP-TS-
Buffer parameter and, if the upper range is present, time shifting is not available beyond that time. If this value indicates
an open range (one absol ute start time for the timeshift recording), then the PSS server has not given any end-time for
timeshift recording.

When both parameters are present, this indicates that the timeshift buffer is still being established. Recording has started
at the lower bound of the interval and will progress until the specified depth is reached. Once the buffer depthis
reached, then the timeshift buffering continues in a dliding window as described above and the PSS server uses the
buffer header parameter for timeshift buffer reporting.

The ABNF syntax for the new headersis as follows:

3GPP-TS-CurrentRecording-Time="3GPP-TS-CurrentRecording-Time" COLON (npt-time-indication / utc-time-
indication) CRLF

npt-time-indication = "npt=" (npt-sec / npt-hhmmss)

utc-time-indication = "clock=" utc-time

3GPP-TS-Buffer = "3GPP-TS-Buffer" COLON (depth / interval / interval _depth) [SEMIParameter-Ext] CRLF
depth = "buffer-depth="1*DIGIT

interval = utc-range / npt-range

interval_depth = interval SEMI depth

Parameter-Ext = (1*DIGIT ["." 1*DIGIT]) / (1*((0x21..0x2b) / (0x2d..0x3a) / (Ox3c..0x7a) / OX7c / OX7€))
COLON = <asdefinedin clause 5.5.4.2 >

SEMI = SWS";" SWS; semicolon;

SWS =<asdefinedin clause 5.5.4.2>

Note: utc-range, npt-range, utc-time, npt-sec, and npt-hhmmss are defined in [5]RFC2326.

5.6.5 Timeshift buffer status updates

The GET_PARAMETER and the SET_PARAMETER methods allow the client and the server to synchronize timeshift
buffer information.

The PSS client may query the PSS server at any time for the current timeshift buffer fill states. For this procedure, the
PSS Client issuesthe RTSP GET_PARAMETER request message with the 3GPP-TS-Buffer and/or 3GPP-TS-
CurrentRecording-Time tags in the message body. The MIME Type "text/plain” is used for the RTSP message body.

The GET_PARAMETER response shall carry the 3GPP-TS-Buffer and the 3GPP-TS-CurrentRecording headersin the
header fields and also in the RT SP response message body.
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The server may update the current timshift information using the RTSP SET_PARAMETER method (S->C). The
SET_PARAMETER request message shall carry the 3GPP-TS-Buffer and the 3GPP-TS-CurrentRecording headersin
the header fields and also in the RT SP request message body. The PSS client shall confirm the reception with a"200
OK" RTSP response message o, if it client does not understand the parameters, it shall return "451 Invalid Parameters'
and the PSS server shall not attempt further updates.

5.7 Support for Trick Mode Operations

PSS client and server may support trick mode operations such as fast/slow forward and rewind. The level of scale
support may also depend on the selected streaming content.

A PSS Client may use the "play.scale" feature tag to query for support of scaled playout. The "play.scale" feature tag
applies only to PSS servers and indicates the support for scale operations for media streaming.

If the server supports the scale value requested, and the content is capable of the scale value requested, the server shall
serve the scaled stream to the client. If the server does not support the scale value requested or the content does not
support the scale value regquested then the server shall decide what level of scaled playout to serve to the client. When
trick mode operations are supported, the " Scale" header field of RTSP [5] shall be used for requesting trick mode
operations.

Streaming with a scale value other than 1 should not change the streaming bitrate of the corresponding media stream.

The PSS Client is made aware of the scale values supported for the content viathe "X-Scale" medialevel attribute, or
by using the "scales' parameter in the GET_PARAMETER and SET_PARAMETER. The "scales' parameter takes
precedence in the case of conflicting values. The PSS server may temporarily omit the transmission of media data for
one or more media streams on which playout with the selected scale is not possible. For example, this may mean that
the video is scaled at arate of 2, but the audio is omitted for the duration of the scaled playout asit is unable to be
scaled.

A PLAY request with a"Scale" indication that is not supported by any of the media streams of the streaming session
may be ignored by the PSS server. The PSS server should use the closest supported scale value instead and it shall
indicate the chosen value in the response, unless the selected scale value is 1.

The"X-Scale" SDP attribute and the "scales' parameter are defined according to the following ABNF syntax:

Scal e="X- Scal e: " payl oad_type SP scal e_value *(";" scal e _value) CRLF

scal es="scal es: " scal e-spec *("," scal e-spec) CRLF
scal e-spec= streamurl "=" scale *(";" scale)
scale value=["-"] 1*DIGT [ "." *DIGT]

In the SDP, the payload_type indicates the payload type of the mediato which the scale values apply. The stream-url
indicates the URL of the media stream to which the indicated scales are applicable. The scale value is a decimal
number that indicates the possible scale val ue that may be requested for the specified media stream. For a single media
stream, multiple scale values are possible.

When timeshifting is used, the following applies:

- inthe case that the PSS Client knows that, due to the PSS Server’s buffer, a particular request for scaled
playback isimpossible to complete, the PSS Client shall not request this scale val ue.

- inthe case that the PSS Server is providing scaled playback and a buffer limit is reached, the PSS Server shall
return the scale value of the streamto 1.

- the PSS client should take into account the playout scale when calculating its current position in the time shifting
buffer, and take the time shifting buffer into account when requesting a playout scale.
5.8 Session Update

PSS client may support session updates triggered by the PSS server. A new RTSP feature tag " 3gpp-session-update” is
defined. The PSS client that supports session updates shall include the feature tag in the Supported header field of
SETUP or PLAY reguests from the client to the server.
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The PSS Server shall use the SET_PARAMETER method to trigger session updates with clients that have indicated
support for session update. The Range header field shall be included to indicate the time at which the new session
description becomes active. The PSS Server shall include the updated session description (SDP) in the body of the
message. The new mapping of the media streams to the RTP sessions shall be indicated using the Switch-Stream header
as defined in the procedures of content switching.

Example;

S>C SET_PARAMETER rtsp://example.com/content.3gp RTSP/1.0
Cseq: 4072
Session: 332321598
Range: npt=1:21:24.568-
Switch-Stream: old=rtsp://www.nokia.com/contentl/trackl D=1,
new=rtsp://www.nokia.com/content2/trackl D=2
Content-Type: application/sdp
Content-length: 421

v=0

0=33405 1350 IN 1P4 10.42.43.1

s=Live

c=IN1P40.0.0.0

t=00

m=video 8234 RTP/AVP 96

a=rtpmap:96 H264/90000

a=framerate:25

a=fmtp:96 packetization-mode=1;profile-level-id=42c00b;
m=audio 8236 RTP/AVP 97

a=rtpmap:97 mpeg4-generic/22050

a=fmtp:97 streamtype=>5; profile-level-id=15; mode=AAC-hbr;

C->S RTSP/1.0 200 OK

Cseq: 4072
Session: 332321598

If the client responds with a 451 (Parameter Not Understood) message, the server shall assume that the session update
message was hot correctly processed and may then terminate the session or redirect the client to the new session.

If RTSPis used over UDP, the server should take precautions to ensure that the session update message has been
received by the client, e.g. through redundant transmission of the SET_PARAMETER message.

In case no persistent TCP connection exists between the PSS client and PSS server, the PSS server shall trigger the
setup of a TCP connection by sending an RTCP APP packet for an Outstanding Session Notification Message (OSNM).

Thefields of the generic RTCP APP packet shall be set asfollows:
- name: the OSNM APP data format is detected through the name "PSS0", i.e. 0x50535330
- subtype: the subtype shall be set to 1 for the OSNM format

- application-dependent data: the application-dependent data shall carry an OSNM block as defined in the
following figure 2a.
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1 2 3
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+- - - - - - - - - - - - - - +- +- +- OSNM

The fields of the OSNM block are set as follows:

- Timestamp: the NTP 32-hit timestamp that indicates the recommended time for the client to respond to the
notification message

- Message ldentifier: the message identifier provides a unique identifier for the OSNM message and enables the
client to differentiate between repetitions of the message and new OSNM message.

- Reserved: thisfield isreserved for future usage and shall be set to 0.

Upon receiving anew RTCP OSNM message and if the PSS client supports session updates, the PSS client shall setup a
TCP connection to the RTSP server before the indicated time. The TCP connection may then be terminated after
receiving and responding to an RT SP message from the PSS server or at the latest within 5 minutes of the indicated
time in the OSNM message.

6 Data transport

6.1 Packet based network interface

PSS clients and servers shall support an | P-based network interface for the transport of session control and media data.
Control and media data are sent using TCP/IP [8] and UDP/IP[7]. An overview of the protocol stack can be found in
figure 2 of the present document.

6.2 RTP over UDP/IP

6.2.1 General

The IETF RTP [9] provides means for sending real-time or streaming data over UDP (see [7]). The encoded mediais
encapsulated in the RTP packets with media specific RTP payload formats. RTP payload formats are defined by IETF.
RTP aso provides a protocol called RTCP (see clause 6 in [9]) for feedback about the transmission quality.

RTP/UDP/IP transport of speech, audio and video shall be supported. RTP/UDP/IP transport of timed text should be
supported. Sending of RTCP shall be performed according to the used RTP profile, indicated RTCP bandwidth, and
other RTCP related parameters. The transmission times of RTCP shall be controlled by algorithms performing as the
ones specified in the RTP specification [9], and if AVPF is used according to [57]. For information on how the RTCP
transmission interval depends on different values of the RTCP parameters, see Annex A.3.2.3.

6.2.2 RTP profiles
For RTP/UDP/IP transport of continuous media the following RTP profile shall be supported:

- RTP Profilefor Audio and Video Conferences with Minimal Control [10], also called RTP/AVP;
For RTP/UDP/IP transport of continuous media the following RTP profile should be supported:

- Extended RTP Profile for RTCP-based Feedback (RTP/AVPF) [57], dso called RTP/AVPF. A PSS client or
server shall support the generic NACK message specified in section 6.2.1 of [57] if RTP retransmission is
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supported. A PSS client or server is not required to support the other feedback formats specified in section 6 of
[57].

Clause A.3.2.3in Annex A of the present document provides more information about the minimum RTCP transmission
interval.

6.2.3 RTP and RTCP extensions

6.2.3.1 RTCP extended reports

A PSS client should implement the framework and SDP signalling of the RTP Control Protocol Extended Reports[58].
A PSS client should further implement the following report formats:

- Loss RLE Report Block defined in section 4.10f [58].

A PSS client should send the report block(s) indicated by SDP signalling from the PSS server. A PSS server may limit
the report blocks size using SDP signalling. For best utility the client should report in every packet and provide
redundancy by reporting also on past RTCP intervals. In cases where size restrictions prevent the client from both
reporting on al the RTP packets and providing redundancy, the client shall stop the redundant reporting to address this
restriction. If this action is still not enough to reduce the reports to satisfactory sizes, the client may then choose not to
send the report in every packet.

6.2.3.2 RTCP App packet for client buffer feedback (NADU APP packet)

A PSS client supporting Signalling for Client Buffer Feedback (see clause 10.2.3) shall report the next application data
unit to be decoded for buffer status reporting and rate adaptation by sending the RTCP APP packet. A NADU APP
packet shall be sent only after the client has received at least one RTP packet on the media stream and shall be
accompanied by a complementary RR packet. The RR and NADU packets shall contain information that represents a
single simultaneous 'snapshot’ of the media stream. The format of a generic RTCP APP packet is shown in Figure 3
below:

0 1 2 3
01234567890123456789012345678901
e e L s e T e e it it SR R SR S
| V=2| P| subtype | PT=APP=204 | l ength |
B T S S T T s et st STl SIS S S SR S T S S N S S
| SSRC/ CSRC |
B i ai T e S o O S i S I R il T s sl s ais S e
| name (ASCl 1) |
i o T i e S e i T S e e T h
| appl i cati on-dependent data

B i ks i i e S Tt T soTe ST TR S S S S S S S e e o i S B

Figure 3: Generic Format of an RTCP APP packet.

For rate adaptation the name and subtype fields must be set to the following values:

name: The NADU APP data format is detected through the name "PSS0", i.e. 0x50535330 and the subtype.

subtype: Thisfield shall be set to 0 for the NADU format.

length: The number of 32 bit words—1, as defined in RFC 3550 [9]. This means that the field will be 2+3*N, where N is
the number of sources reported on. The length field will typically be 5, i.e. 24 bytes packets.

application-dependent data: One or more of the following data format blocks (as described in Figure 4) can be included
in the application-dependent data location of the APP packet. The APP packets length field is used to detect how many
blocks of data are present. The block shall be sent for the SSRCs for which there are areport block as part of either a
Receiver Report or a Sender Report, included in the RTCP compound packet. A NADU APP packet shall not contain
any other data format than the one described in figure 4 below.
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0 1 2 3
01234567890123456789012345678901
B T I R e e e i ST O e e e S e R e it I R e S i T S
| SSRC |
i o I i T e S it sl SEIE S S S S S S e o e e o &
| Pl ayout Del ay | NSN |
B T I i e i it sT T S S e g I T R R s it ST B I O I SR g
| Reserved | NUN | Free Buffer Space (FBS) |
B T I i e i it sT T S S e g I T R R s it ST B I O I SR g

Figure 4. Data format block for NADU reporting

SSRC: The SSRC of the media stream the buffered packets belong to.

Playout delay (16 bits): The difference in milliseconds between the scheduled playout time of the next ADU to be
decoded, (whose sequence number isindicated in the NSN field) and the current time when generating the RTCP packet
that contains the NADU APP block, both measured on the media playout clock. The client shall always indicate this
value, unlessit is not well defined, when it may use the reserved value (OXFFFF). When the buffer is empty (the client
has not yet received the packet with sequence number NSN), the playout delay is not well defined and the client should
use the reserved value OxFFFF for this field. When the media clock is not advancing (e.g. while paused or re-buffering),
the playout delay corresponds to the difference between the playout time of the next ADU and the media time at which
playout will resume.

The point at which the media playout clock is measured should be chosen such that, if the only packet in the buffer is
that with sequence number NSN, the playout delay indicates the time remaining until the media playout will 'starve' and
this stream might need re-buffering. In the calculations of playout delay above, this point is used to determine the
playout point of a media packet even though actual playout may occur later in the decoding chain. The target buffer
time (see clause 5.3.2.2) must be measured from the same point.

The playout delay allows the server to have a more precise value of the amount of time before the client will underflow.
The playout delay shall be computed until the actual media playout (i.e., audio playback or video display).

NSN (16 bits): The RTP sequence number of the next ADU to be decoded for the SSRC reported on. In the case where
the buffer does not contain any packets for this SSRC, the next not yet received sequence number shall be reported, i.e.
an NSN value that is one larger than the least significant 16 bits of the RTCP SR or RR report block’s "extended highest
sequence number received".

NUN (5 bits): The unit number (within the RTP packet) of the next ADU to be decoded. The first unit in a packet has a
unit number equal to zero. The unit number isincremented by one for each ADU in an RTP packet. In the case of an
audio codec, an ADU is defined as an audio frame. In the case of H.264 (AVC) or H.265 (HEVC), an ADU is defined
asaNAL unit. FBS (16 bit): The amount of free buffer space available in the client at the time of reporting. The
reported free buffer space shall be less than or equal to the buffer space that has been reported as available for
adaptation by the 3GPP-Adaptation RTSP header, see clause 5.3.2.2. The amount of free buffer space are reported in
number of complete 64 byte blocks, thus allowing for up to 4194304 bytes to be reported as free. If more is available, it
shall be reported as the maximal amount available, i.e. 4194304 with a field value Oxffff.

Reserved (11 bits): These bits are not used and shall be set to 0 and shall be ignored by the receiver.

6.2.3.3 RTP retransmission

6.2.3.3.1 General

A PSS client should implement RTP retransmission. A PSS server should implement RTP retransmission. A PSS client
or server implementing RTP retransmission shall implement the payload format, SDP signalling and mechanisms of the
RTP retransmission payload format [81]. In addition to the specifications and recommendationsin [81], a PSS client
and server supporting RTP retransmission shall follow the definitions in the following clauses.
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6.2.3.3.2 Multiplexing scheme

The RTP retransmission payload format [81] provides two different schemes for multiplexing the original and the
retransmission stream, i.e. session-multiplexing and SSRC-multiplexing. PSS servers shall use SSRC-multiplexing and
shall not use session-multiplexing.

6.2.3.3.3 RTCP retransmission request

PSS clients shall use the NACK feedback message format defined in the "Extended RTP Profile for RTCP-based
Feedback (RTP/AVPF)" [57] for requesting the retransmission of RTP packets.

Before requesting the retransmission of RTP packets the client should assess whether a requested packet can be decoded
in time by checking the latest receiver buffer status. If the client sends RTCP APP packets for client buffer feedback, as
defined in section 6.2.3.2, the same assessment should be performed by the server, according to the latest RTCP APP
packet it has received.

6.2.3.3.4 Congestion control and usage with rate adaptation

To avoid network congestion due to the additional bandwidth required for the retransmission of lost packets, a PSS
server or client implementing RTP retransmission shall estimate the available link rate and adapt the total transmission
rate of the RTP session, including retransmissions, to the available link rate. The actual algorithms providing link-rate
estimation and transmission-rate adaptation are implementation specific. Rules and information sources for the
estimation of the available link rate are described in clause 10.2.1 of the present document. To adapt the total
transmission rate including retransmissions, a PSS server can e.g. skip retransmissions, use the transmission rate
adaptation described in clause 10.2.2 of the present document or use any other suitable method.

If the server uses multiple streams for rate adaptation, the server may receive retransmission requests for astream that is
different from the oneit is currently using. The server should thus not flush its retransmission buffer after switching
streams.

6.2.4 RTP payload formats

For RTP/UDP/IP transport of continuous media the following RTP payload formats shall be used:

- AMR narrow-band speech codec (see clause 7.2) RTP payload format according to [11]. A PSSclient is not
required to support multi-channel sessions;

- AMR wideband speech codec (see clause 7.2) RTP payload format according to [11]. A PSS client is not
reguired to support multi-channel sessions;

- Extended AMR-WB codec (see clause 7.3) RTP payload format according to [85];

- Enhanced aacPlus and MPEG-4 AAC codec (see clause 7.3) RTP payload format according to [13]; the size of
audioMuxElements shall be limited to the maximum size of one audio frame, which is 6144 bits per AAC
channel; moreover multiplexing of multiple audio frames into one audioM uxElement should be avoided if this
would lead to fragmentation across RTP packets;

- - H.264 (AVC) video codec (see clause 7.4) RTP payload format according to [92]. A PSS client isrequired to
support all three packetization modes. single NAL unit mode, non-interleaved mode and interleaved mode. For
the interleaved packetization mode, a PSS client shall support streams for which the value of the " sprop-deint-
buf-req* MIME parameter is less than or equal to MaxCPB * 1000/ 8, inclusive, in which "MaxCPB" isthe
value for VCL parameters of the H.264 (AVC) profile and level in use, as specified in [90]. Parameter sets shall
not be transmitted within the RTP payload, i.e., all parameter sets required for a session must be provided in the
SDP;

- H.265 (HEVC) video codec (see clause 7.4) RTP payload format according to [118];
- 3GPPtimed text format (see clause 7.9) RTP payload format according to [80];
- encrypted "enc-isoff-generic" (see Annex R) RTP payload format according [102];

- RTP retransmission payload format according to [81];
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- RTP Header Extension to signal CV O information as specified in clause 6.2.5.

6.2.5 Coordination of Video Orientation

In the PSS RTP-streaming context, Coordination of Video Orientation consistsin signalling of the current orientation of
the image to a CV O-capable PSS client for appropriate rendering and displaying. A CV O-capable PSS server performs
signalling of the CVO by indicating thisin the SDP as specified in clause 5.3.3.2 and using RTP Header Extensions
with a byte formatted as specified in clause 7.4.5 of TS 26.114 [115] for CV O (corresponding to ur n: 3gpp: vi deo-
ori ent at i on) and Higher Granularity CV O (corresponding to ur n: 3gpp: vi deo-ori ent ati on: 6).

A CVO-capable PSS client should rotate the video to compensate the rotation asindicated in Tables 7.2 (for CVO) and
7.3 (for Higher Granularity CVO) of clause 7.4.5in [115]. When compensating for both rotation and flip, the operations
shall be performed in the LSB to MSB order i.e. rotation compensation first and then flip.

A CVO-capable PSS server will typically add the payload bytes as defined in this clause to the last RTP packet in each
group of packets which make up akey frame (I-frame or IDR picturein H.264). The PSS server may also add the
payload bytes onto the last RTP packet in each group of packets which make up another type of frame (e.g. a P-Frame)
only if the current value is different from the previous value sent.

If thisisthe only header extension present, atotal of 8 bytes are appended to the RTP header, and the last packet in the
sequence of RTP packets is marked with both the marker bit and the Extension bit, as defined in RFC3550 [9].

6.3 HTTP over TCP/IP

The IETF TCP provides reliable transport of data over |P networks, but with no delay guarantees. It isthe preferred way
for sending the scene description, text, bitmap graphics and still images. There is also need for an application protocol
to control the transfer. The IETF HTTP [17] provides this functionality.

HTTP/TCP/IP transport shall be supported for:

- till images (see clause 7.5);

- bitmap graphics (see clause 7.6);

- synthetic audio (see clause 7.3A);

- vector graphics (see clause 7.7);

- text (seeclause 7.8);

- timed text (see clause 7.9);

- HTML5 and related resources;

- presentation description (see clause 5.3.3).
HTTP/TCP/IP transport should be supported for:

- 3GPfilesfor download, progressive download and Dynamic Adaptive Streaming over HTTP (see 3GPP TS
26.247 [112]).

Transport security in HTTP over TCP/IP is achieved using the HTTPS (Hypertext Transfer Protocol Secure) as
specified in RFC2818 [105] and TLS as specified in TLS profile of Annex E in TS 33.310 [111]. In case secure delivery
isdesired, HTTPS and TL S should be used to authenticate the server and to ensure secure transport of the content from
server to client.

6.4 Transport of RTSP

Transport of RTSP shall be supported according to RFC 2326 [5].
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7 Codecs

7.1 General

For PSS clients supporting a particular media type, corresponding media decoders are specified in the following
clauses.

7.2 Speech

If speech is supported, the AMR decoder shall be supported for narrow-band speech [18][63][64][65]. The AMR
wideband speech decoder, [20][66][67][68], shall be supported when wideband speech working at 16 kHz sampling
frequency is supported.

7.3 Audio

If audio is supported, then one or both of the following two audio decoders should be supported:
- Enhanced aacPlus[86] [87] [88]
- Extended AMR-WB [82] [83] [84]

Specifically, based on the audio codec selection test results Extended AMR-WB is strong for the scenarios marked with
blue, Enhanced aacPlus is strong for the scenarios marked with orange, and both are strong for the scenarios marked
with green colour in the table below:

Content type Music Speech over Music Speech between Speech
Music

Bit rate

14 kbps mono

18 kbps stereo

24 kbps stereo

24 kbps mono

32 kbps stereo

48 kbps stereo

More recent information on the performance of the codecs based on more recent versions of the codecs can be found in
TR 26.936 [95].

Enhanced aacPlus decoder is also able to decode AAC-LC content.
Extended AMR-WB decoder is also able to decode AMR-WB content.

In addition, MPEG-4 AAC Low Complexity (AAC-LC) and MPEG-4 AAC Long Term Prediction (AAC-LTP) object
type decoders [21] may be supported. The maximum sampling rate to be supported by the decoder is 48 kHz. The
channel configurations to be supported are mono (1/0) and stereo (2/0).

When a server offersan AAC-LC or AAC-LTP stream with the specified restrictions, it shall include the "profile-level-
id" and "object" MIME parametersin the SDP "a=fmtp" line. The following values shall be used:

Object Type | profile-level-id | object
AAC-LC 15 2
AAC-LTP 15 4
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7.3a  Synthetic audio

If a PSS client supports synthetic audio both the Scalable Polyphony MIDI (SP-MIDI) content format defined in
Scalable Polyphony MIDI Specification [44] and the device requirements defined in Scalable Polyphony MIDI Device
5-t0-24 Note Profile for 3GPP [45] should be supported.

SP-MIDI content is delivered in the structure specified in Standard MIDI Files 1.0 [46], either in format O or format 1.

In addition a PSS client supporting synthetic audio should also support both the Mobile DLS instrument format defined
in [70] and the Mobile XMF content format defined in [71].

A PSS client supporting Mobile DLS shall meet the minimum device requirements defined in [70] in section 1.3 and the
requirements for the common part of the synthesizer voice as defined in [70] in sections 1.2.1.2. If Mobile DLSis
supported, wavetables encoded with the G.711 A-law codec (wFormatTag value 0x0006, as defined in [70]) shall also
be supported. The optional group of processing blocks as defined in [70] may be supported. Mobile DL S resources are
delivered either in the file format defined in [70], or within Mobile XMF as defined in [71]. For Mobile DLSfiles
delivered outside of Mobile XMF, the loading application should unload Mobile DL S instruments so that the sound
bank required by the SP-MIDI profile [45] is hot persistently altered by temporary loadings of Mobile DLSfiles.

Content that pairs Mobile DLS and SP-MIDI resourcesis delivered in the structure specified in Mobile XMF [71]. As
defined in[71], aMobile XMF file shall contain one SP-MIDI SMF file and no more than one Mobile DL S file. PSS
clients supporting Mobile XM F must not support any other resource types in the Mobile XMF file. Media handling
behaviours for the SP-MIDI SMF and Mobile DLS resources contained within Mobile XMF are defined in [71].

7.4 Video

7.4.1 General video decoder requirements
If a PSS client supports video, the following applies:

- H.264 (AVC) Progressive High Profile Level 3.1 decoder [90] shall be supported, wherein the maximum V CL
Bit Rate is constrained to be 14Mbps with cpbBrV clFactor and cpbBrNal Factor being fixed to be 1000 and
1200, respectively.

- H.265 (HEVC) Main Profile, Main Tier, Level 3.1 decoder [117] should be supported.

When H.265 (HEV C) Main Profile decoder is supported, the client is only required to process H.265 (HEVC) Main
Profile bitstreams that have general_progressive_source flag equal to 1, genera interlaced source flag equal to O,
general_non_packed _constraint_flag equal to 1, and general_frame_only_constraint_flag equal to 1.

NOTE 1: An H.264 (AVC) High Profile decoder is able to decode an H.264 (AVC) Main Profile stream that is
progressively encoded.

7.4.2 Output timing and buffer model

There are no requirements on output timing conformance for H.264 (AV C) decoding (Annex C of [90]) or H.265
(HEVC) decoding (Annex C of [117]).

The H.264 (AVC) decoder in a PSS client shall start decoding immediately when it receives data (even if the stream
does not start with an IDR access unit), or aternatively no later than it receives the next IDR access unit or the next
recovery point SEI message, whichever is earlier in decoding order. Note that when the interleaved packetization mode
of H.264 (AVC) isin use, de-interleaving is done normally before starting the decoding process. The decoding process
for a stream not starting with an IDR access unit shall be the same as for avalid H.264 (AV C) bitstream. However, the
client shall be aware that such a stream may contain references to pictures not available in the decoded picture buffer.
The display behaviour of the client is out of scope of this specification.

A PSS client supporting H.264 (AV C) should ignore any VUI HRD parameters, buffering period SEI message, and
picture timing SEI message in H.264 (AVC) streams or conveyed in the "sprop-parameter-sets’ MIME/SDP parameter.
Instead, a PSS client supporting H.264 (AV C) shall follow buffering parameters conveyed in SDP, as specified in
clause 5.3.3.2, and in RTSP, as specified in clause 5.3.2.4. A PSS client supporting H.264 (AVC) shall also use the RTP
timestamp or NALU-time (as specified in [92]) of a picture asits presentation time, and, when the interleaved RTP
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packetization modeisin use, follow the "sprop-interleaving-depth”, " sprop-deint-buf-req”, " sprop-init-buf-time", and
"sprop-max-don-diff" MIME/SDP parameters for the de-interleaving process. However, if VUI HRD parameters,
buffering period SEI messages, and picture timing SEI messages are present in the bitstream, their contents shall not
contradict any of the buffering parameters conveyed in SDP, as specified in clause 5.3.3.2, or in RTSP, as specified in
clause 5.3.2.4, or any of the timing information conveyed by the RTP timestamps.

A PSS client supporting H.265 (HEV C) should ignore any VPS or SPS HRD parameters, buffering period SEI message,
picture timing SEI message, and decoding unit information SEI message in H.265 (HEV C) streams or conveyed in the
"sprop-vps' and "sprop-sps’ MIME parameters. Instead, a PSS client supporting H.265 (HEV C) shall follow buffering
parameters conveyed in SDP, as specified in clause 5.3.3.2, and in RTSP, as specified in clause 5.3.2.4. A PSS client
supporting H.265 (HEVC) shall also use the RTP timestamp (as specified in [118]) of a picture as its presentation time,
and, follow the de-packetization process (as specified in [118]). However, if VPS or SPS HRD parameters, buffering
period SEI messages, picture timing SEI messages, and decoding unit information SEI messages are present in the
bitstream, their contents shall not contradict any of the buffering parameters conveyed in SDP, as specified in clause
5.3.3.2, or in RTSP, as specified in clause 5.3.2.4, or any of the timing information conveyed by the RTP timestamps.
7.4.3  Television services
If the 3GPP PSS client supports Television (TV) over 3GPP Services, it shall comply with

- the H.264/AVC 720p HD Operation Point Receiver requirements as specified in TS 26.116 [120], clause 4.4.2.6.
If the 3GPP PSS client supports Television (TV) over 3GPP Services, it should comply with

- H.264/AVC Full HD Operation Point Receiver requirements as specified in TS 26.116 [120], clause 4.4.3.6,

- H.265/HEVC 720p HD Operation Point Receiver requirements as specified in TS 26.116 [120], clause 4.5.2.7,

- H.265/HEVC Full HD Operation Point Receiver requirements as specified in TS 26.116 [120], clause 4.5.3.7,

- H.265/HEVC UHD Operation Point Receiver requirements as specified in TS 26.116 [120], clause 4.5.4.7,

- H.265/HEVC Full HD HDR Operation Point Receiver requirements as specified in TS 26.116 [120], clause
45.5.8, and

- H.265/HEVC UHD HDR Operation Point Receiver requirements as specified in TS 26.116 [120], clause 4.5.6.8.

7.4.4 Stereoscopic 3D Video

If a PSS client supports stereoscopic 3D video, it should support frame-packed stereoscopic 3D video with the
following characteristics:

- The bitstream conforms to H.264 (AVC) Constrained Baseline Profile Level 1.3, or conformsto H.264 (AVC)
Progressive High Profile Level 3.1. The maximum V CL Bit Rate shall be constrained to 14Mbps by
cpbBrVclFactor & cpbBrNalFactor being fixed to 1000 and 1200 respectively, irrespective of the profile.

- Frame packing type isindicated by the frame packing arrangement SEI messages of H.264 (AVC) [90] as
follows:

- The syntax element frame_packing_arrangement_type has one of the defined values. 3 for Side-by-Side,
4 for Top-and-Bottom.

- The syntax element quincunx_sampling_flag is equal to 0;

- The syntax element content_interpretation_typeisequal to 1;

- The syntax elements spatia_flipping_flagisequal to 0;

- Thesyntax element field_views flagisequal to 0;

- The syntax element current_frame _is frameQ_flag isequal to O;

- When an access unit contains a frame packing arrangement SEI message A and the access unit is neither an IDR
access unit nor an access unit containing arecovery point SEI message, the following two constraints apply:
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- There shall be another access unit that precedes the access unit in both decoding order and output order
and that contains a frame packing arrangement SEI message B.

- Thetwo frame packing arrangement SEI messages A and B shall have the same value for the syntax
element frame_packing_arrangement_type.

If a PSS client supports frame-packed stereoscopic 3D video, it shall support parsing of frame packing arrangement SEI
messages as specified in H.264 (AVC) [90].

If a PSS client supports stereoscopic 3D video, it should support multiview stereoscopic 3D video with the following
characteristics:

- Thevideo stream conformsto ITU-T Recommendation H.264 / MPEG-4 (Part 10) AV C [90] Stereo High Profile
(SHP) Level 3.1 with frame_mbs_only_flag=1.

- When an H.264 (AVC) SHP sub-bitstream containing the base view only conformsto Level 1.3 or below, the
value of the profile_idc should be equal to 66 and the value of the constraint_setl flag should be equal to 1in al
active sequence parameter sets, i.e. the H.264 (AV C) Constrained Baseline Profile should be indicated to be used
for the base view.

NOTE 1: Any PSS (Release 11) client supporting video can play back the base view of any H.264 (AVC) SHP
stream if the base view isindicated to conform to H.264 (AVC) Constrained Baseline Profile Level 1.3.

NOTE 2: At thetime of publication of this specification thereis no RTP payload format specified for H.264 (AVC)
SHP bitstreams. Thus, the format is not available for services utilizing RTP transport of media.

NOTE 3: In order to provide the optimal range of perceived depth, a PSS server is recommended to adapt the
stereoscopic 3D video content to fit the indicated screen size of atarget device. For more information and
an example steps to perform stereoscopic video content re-targeting see [113].

7.4.5 360 video and 3D audio for VR (Virtual Reality)
7.45.1 Video

74511 Operation Points
If the PSS client supports 360 VR video, it shall include a receiver that complies with

- the Basic H.264/AVC Operation Point Receiver requirements as specified in TS 26.118 [121], clause 5.1.4.
If the PSS client supports 360 VR video, it should include a receiver that complies with

- the Main H.265/HEVC Operation Point Receiver requirements as specified in TS 26.118 [121], clause 5.1.5.
If the PSS client supports 360 VR video, it may include areceiver that complies with

- theFlexible H.265/HEVC Operation Point Receiver requirements as specified in TS 26.118 [121], clause 5.1.6.

7.45.1.2 Progressive Download

If the 3GPP PSS client supports 360 VR video for Progressive Download services, it shall include a receiver that
complies with

- theBasic Video Media Profile Receiver requirements for file format signalling and encapsulation as specified in
TS26.118[121], clause 5.2.2.2.

If the 3GPP PSS client supports 360 VR video for Progressive Download services, it should include areceiver that
complies with

- theMain Video Media Profile Receiver requirements for file format signalling and encapsulation as specified in
TS26.118[121], clause 5.2.3.2.

If the 3GPP PSS client supports 360 VR video for Progressive Download services, it may include a receiver that
complies with
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- the Advanced Video Media Profile Receiver requirements for file format signalling and encapsulation as
specified in TS 26.118 [121], clause 5.2.4.2.

NOTE: This profile requires extensions beyond the 3GP file format that are only defined in TS26.118 [121].

7.45.1.3 DASH
If the 3GPP PSS client supports 360 VR video for DASH services, it shal include areceiver that complies with

- theBasic Video Media Profile Receiver requirements for DASH as specified in TS 26.118 [121], clause 5.2.2.3.
If the 3GPP PSS client supports 360 VR video for DASH services, it should include areceiver that complies with

- the Main Video Media Profile Receiver requirements for DASH as specified in TS 26.118 [121], clause 5.2.3.3.
If the 3GPP PSS client supports 360 VR video for DASH services, it may include areceiver that complies with

- the Advanced Video Media Profile Receiver requirements for DASH as specified in TS 26.118 [121], clause

5.2.34.
7.45.2 Audio
74521 Operation Points

If the PSS client supports 3D/VR audio, it should include a receiver that complies with

- the 3GPP MPEG-H Audio Operation Point Receiver requirements as specified in TS 26.118 [121], clause 6.1.4.

7.4.5.2.2 Progressive Download

If the 3GPP PSS client supports 3D/VR audio for Progressive Download services, it should include areceiver that
complies with

- the OMAF 3D Audio Baseline Media Profile Receiver requirements for file format signalling and encapsulation
as specified in TS 26.118 [121], clause 6.2.2.2.

7.4.5.2.3 DASH
If the 3GPP PSS client supports 3D/VR audio for DASH services, it should include a receiver that complies with

- the OMAF 3D Audio Baseline Media Profile Receiver requirements for file format signalling and encapsulation
as specified in TS 26.118 [121], clause 6.2.2.3.

7.45.3 Metrics

If the 3GPP PSS client supports 360 VR video for Progressive Download or DASH services, it should include a
receiver that complies with

- the VR Metrics requirements as specified in TS 26.118 [121], clause 9.
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7.5 Still images

If a PSS client supports still images, | SO/IEC JPEG [26] together with JFIF [27] decoders shall be supported. The
support requirement for 1SO/IEC JPEG only applies to the following two modes:

- baseline DCT, non-differential, Huffman coding, as defined in table B.1, symbol 'SOF0" in [26];
- progressive DCT, non-differential, Huffman coding, as defined in table B.1, symbol 'SOF2' [26].

7.6 Bitmap graphics

If a PSS client supports bitmap graphics, the following bitmap graphics decoders should be supported:
- GIF87a,[32];
- GIF89a, [33];
- PNG, [39].

7.7 Vector graphics
If a PSS client supports vector graphics, SVG Tiny 1.2 [42] [43] and ECMAScript [94] shall be supported.
NOTE 1: The compression format for SVG content is GZIP [59], in accordance with the SV G specification [42].

NOTE 2: Only codecs and MIME media types supported by PSS, as specified in clause 7 and in subclause 5.4,
respectively, shall be used. In particular, PSS clients are not required to support the Ogg V orbis format.

NOTE 3: Content creators of SVG Tiny 1.2 are strongly recommended to follow the content creation guidelines
provided in Annex L.

7.8 Text

Text isprovided as part of the HTML5 scene description. The following character coding formats shall be supported:
- UTF-8, [30];
- UCSs2,[29].

7.9 Timed text

PSS clients supporting timed text shall support [51]. Timed text may be transported over RTP or downloaded contained
in 3GP files using Basic profile.

NOTE: A PSS client supporting timed text shall receive and parse 3GP files containing the text streams. This
does not imply arequirement on PSS clients to be able to render other continuous media types contained
in 3GP files, e.g. AMR and H.264, if such mediatypes are included in a presentation together with timed
text. Audio and video are instead streamed to the client using RTSP/RTP (see clause 6.2).

7.10 3GPP file format

3G