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Foreword

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, UM TS identities or
GSM identities. These should be interpreted as being references to the corresponding ETSI deliverables.
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Modal verbs terminology
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"must" and "must not" are NOT allowed in ETSI deliverables except when used in direct citation.

ETSI


http://webapp.etsi.org/IPR/home.asp
http://webapp.etsi.org/key/queryform.asp
http://portal.etsi.org/Help/editHelp!/Howtostart/ETSIDraftingRules.aspx

3GPP TS 24.103 version 12.1.0 Release 12 3 ETSI TS 124 103 V12.1.0 (2015-04)

Contents

Intellectual Property RIGNES.... ..ottt e b e s 2
01 Yo (o ST 2
MoOdal VErDS EMINOIOQY .......ccveieeieieece sttt ettt e e e s re s aeeaesbeeaeesbesreensesaeensessesneenseseeeneensessens 2
1= 11 o TSRS 5
1 o0 o< TSP PP PP PRSI 6
2 REFEIBINCES .....ccee ettt s bt bt s e et e e e e et et e st e be e bt sE e et e b e e et e neenenbenbeneens 6
3 Definitions, symbols and abbreviations.............cceieeieiicecce e e e 7
31 D= T 0T (0] USRS 7
3.2 SYIMDOIS. ..ottt ettt b et b e et b e e e s e e bt sE et b e 4R e s e ek e AR e R e R e eR e e b e eR e e bt nh et eb e e e e b e e rere s 7
33 Y o] 1= V7= 0] PSSR 7
4 TE EPIESENCE OVEIVIEW ...ttt bttt h bt bbb et e et e st e st bt e bt e e e e e aeen e b e ne s 7
4.1 GBNENEL ...ttt e e E bbb AR e AR e Ee SR e SR e e RE R £ e R e R e eRe R e R e Rt R e e Re e b e b e R e be bt bt e e e e s 7
4.2 o7z 0= 010 7= 1 o) o S 8
4.3 MEAIATNTOIMEBLION ...ttt et b bbb st a e e e e e e besh e e b e s Rt eb e e e e s e bese e besaeebenneeneennen 8
4.4 VK== U gTe I L= o T o)1 e o TSSO 8
45 = =01 [ oo SRR 9
4.6 INFOIMBLION USBGE. ...ttt ettt h bbb bbbt b e h e b he b e bbb e e bt e b e e et et e et e b e e e 9
5 Protocol USiNG SIP fOr tElEPrESENCE........ccieiieiee e nren 9
51 FEFOOUCTION ...ttt ettt s h e bbbt et e e e b e sh e eb e e bt eh e eb e s Rt eb e e e e b e besn e besaeebenneennennens 9
52 FUNCEIONEI BNTITIES ...tttk b bbbt e e e se e b e s h e eb e e e e s e b e se e besaeebenneennennens 9
521 USEr EQUIPIMENT (UE) ..veeieeiece ettt ettt s ae s e s ae e e et e st e esaessa e saeseentesneesaeesneenseenseennnans 9
5.2.2 Media Resource Function Controller (MRFC) ..........ccvieiieieese e 10
523 Conferencing Application Server (ConferenCing AS) .....occueceieeiie e eereee e e e sae e seesee s 10
53 BRI e h e R E R R R e e e e R R e R e R R e R e Rt e R e e e e R e R eReebe Rt ene e e nrees 10
531 PAITICIDANL ...ttt bbbt b et b e bt bt e et b e £ et b e e Rt bRt bRt bbb n e 10
5.3.2 (@0 g1 = 1= o oo PR S 10
6 Protocol USiNg SDP fOr tElE0IESENCE........cc.iiieeeieee e 10
6.1 011 0o 1 1 o o P RSR 10
6.2 FUNCEIONEI BNTITIES ...ttt bbb bt e e e et sh e e bt Rt e h e et e e e b seeebesaeene e e enrees 10
6.2.1 LS g o [UTT o] .= A (6 1= P 10
6.2.2 Media Resource Function Controller (MRFC) .........cccvieiieiieseese st 10
6.2.3 Conferencing Application Server (ConferenCing AS) .....eccuveereeiee et eee e e e sae e e sresee s 11
6.3 ROIES. ..t bt b h e a et AR R R R e e e R R e R e AR AR Rt eh e e e R e Rt eR e bt eReene e e nrees 11
6.3.1 PAITICITDANE ...ttt bbb et b e bt b e et b e e e st b e R Rt bRt bRt bbb e 11
6.3.1.1 LT 07 SRR 11
6.3.1.2 Initiation of IM Session SUPPOrtiNg tEl EPrESENCE. .......c.coi it 11
6.3.1.2.1 OrigiNation PrOCEAUIES ........ceeuirtiueetertee ettt ettt b et b bbbt b bbbt b b e e bt b et sbe st 11
6.3.1.2.2 TEMINALTION PrOCEAUNES.......evieeteiteeete sttt sttt sttt sttt se et sttt et e et et s b et b e s b st ebese et eb et e e 12
6.3.1.3 SESSION UPABLE........ccveeeeetee ettt h bbb bbb et eh bt e b bbbt b b e bbb e st bt s e st b b et bt e e ens 12
6.3.1.4 End of IM session SUPPOrtiNg tElEPrESENCE.......cve et s e e sreenreene e 12
6.3.2 CONFEIENCE FOCUS ...ttt bbbttt et b e b bt a e e et se e bt s bt b e et e b et e sbenbesneenee s enres 12
6.3.2.1 LC T o1 - TR 12
6.3.2.2 Initiation of 1M session SUPPOITING tEl @PIESENCE.......ccuvecvieee e eee e 12
6.3.2.2.1 OrigiNatioN PrOCEAUINES ........coiieeeeeeeeeeteeste e e e e e e seeseesreesteeteesaeeseesseesseenseenseessesneesneesreesseenseenseans 12
6.3.2.2.2 TermiNatioN PrOCEOUIES.........ccueeieeieeieseesee st e st ete et et e sseesteeste e teetesstesaeesseesseesseenseenseensensaessenssens 13
6.3.2.3 SESSION UPABLE. ...ttt ettt b bbb b et h bbb e bbbt b bbbt s e st bt b e et e e ens 13
6.3.24 End of IM session SUPPOrting tElEPrESENCE........coveiii e 13
7 Protocol using CLUE fOr tEl@IESENCE. .......coiiiiiiei ittt 13
7.1 gL oo W 1ol BTSSP PR URTOSPP 13
7.2 FUNCEIONEI BNTITIES ...ttt e b b bttt e et sh e e b e be e bt et e e et sheebesaeene e e enrees 14
721 LS g o [UTT o] 0.1 A (0 1= 14

ETSI



3GPP TS 24.103 version 12.1.0 Release 12 4 ETSITS 124 103 V12.1.0 (2015-04)

7.2.2 Media Resource FUNCLION (IMRI) ......oiiiiieii ettt et e s e te e be e e entesnnesnnennes 14
723 Conferencing Application Server (ConferenCing AS) .....occuveieieeiieree e e eree e e e saee e see s 14
7.3 ROIES ..ttt bt bt a et bR R R R R e e e R Rt R e R AR e Rt eh e e e e R e Rt et bt eaeene e e nre s 14
731 =0 = (0 Y7 Lo = S 14
7311 L= 0 TR 14
7312 Media Capture a0VEITISEMENL .........ccieeieie e st et ee e e e e e te s e saesreesreesaeeseeneeeseessaesseesseesrens 14
73121 Multiple content switching and COMPOSITION. ........coiriiiririeiriieer s 15
73122 Presentation TNITIaLiON. ..........ooeieee ettt se e tesaeseesbesneene e e eneees 15
7.3.2 IMLEAIE CONSUIMES ...ttt ettt e et et e ettt e st e e eneese e besae et e eseeneeneeseenbesaeebesneaneeneeseeseesneeseeneenseseeas 15
7321 LT 07 P RRRSTUSR 15
7322 Media Capture CONFIGUIELION .........coveueriiietirieiet sttt sttt s b e et b e e e b srennene 15
73221 Multiple content switching and COMPOSITION..........ccviiiiieie e 15
73222 Presentation SEIECION ..o 15
8 Protocol for floor control fOr tElEPIESENCE .........ccue et ere s 16
8.1 gL 00 W 1ol BTSSP PR URUSTOSPP 16
Annex A (informative): Example signalling flIowS..........cooveii e 17
A1l Scope Of SIGNAIlING FIOWS ......ocuiieee e et s re e be s re e e reere s 17
A.2 Keyrequired to interpret SIgnalling fIOWS..........coooiiiiiiiiieee e 17
A.3 Flows demonstrating the creation of an IM conference supporting telepresSence............covevvererenereens 18
A31 FpLu oo (W 1o o BTSSP PR UR USSP 18
A.3.2 User creating an IM conference supporting tel @PIESENCE. .......ccveieeieeieeeeseesee e e e e see e e e e e seeenreeneens 18
A.3.3 User invited to an IM conference supporting tel @DreSENCE. ........viviie e 35
A.4  Flowsdemonstrating the update of an onging IM conference supporting telepresence...........ccceee..... 36
Annex B (informative): ChangE NISLONY ..o 37
L 11 (TSP PT PR PRPRPRPRON 38

ETSI



3GPP TS 24.103 version 12.1.0 Release 12 5 ETSITS 124 103 V12.1.0 (2015-04)

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

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

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

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

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

The present document provides the protocol details for telepresence using the IP Multimedia (IM) Core Network (CN)
subsystem based on the Session | nitiation Protocol (SIP), the Session Description Protocol (SDP), the Binary Floor
Control Protocol (BFCP) and the ControL ling mUltiple streams for tElepresence (CLUE) controlling multiple streams
for telepresence based on service requirements.

The present document addresses the areas of describing and negotiating IM session with multiple media streams based
on the IM CN subsystem, including point to point calls as specified in 3GPP TS 24.229 [2] and multiparty conferences
as specified in 3GPP TS 24.147 [3], to facilitate the support of telepresence.

The functionalities for conference policy control and the signalling between aMRFC and a MRFP are not specified in
this document.

Where possible, the present document specifies the requirements for this protocol by reference to specifications
produced by the IETF within the scope of SIP, SDP, CLUE and BFCP, either directly, or as modified by
3GPPTS24.229[2].

The present document is applicable to Application Servers (ASs), Multimedia Resource Function Controllers (MRFCs),
Multimedia Resource Function Processors (MRFP) and User Equipment (UE) providing IM session supporting
telepresence capabilities.

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
aGSM document), a non-specific reference implicitly refersto the latest version of that document in the same
Release as the present document.

[1] 3GPP TR 21.905: "Vocabulary for 3GPP Specifications'.

[2] 3GPP TS 24.229: "Internet Protocol (IP) multimedia call control protocol based on Session
Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".

[3] 3GPP TS 24.147: "Conferencing using the IP Multimedia (IM) Core Network (CN) subsystem;
Stage 3".

[4] draft-ietf-clue-framework-20 (January 2015): "Framework for Telepresence Multi-Streams'.

Editor's note: The above document cannot be formally referenced until it is published as an RFC.
[5] draft-ietf-clue-datachannel-07 (January 2015): "CLUE Protocol Data Channel".
Editor's note: The above document cannot be formally referenced until it is published as an RFC.
[6] draft-ietf-clue-signaling-04 (October 2014): "CLUE Signaling".

Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[7] draft-ietf-mmusic-sctp-sdp-12 (January 2015): " Stream Control Transmission Protocol (SCTP) —
Based Media Transport in the Session Description Protocol (SDP)".

Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[8] IETF RFC 3264 (June 2002): "An Offer/Answer Model with Session Description Protocol (SDP)".
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[9] draft-ietf-clue-data-model -schema-07 (September 2014): "An XML Schema for the CLUE data
model".
Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[10] 3GPP TS 23.218: "IP Multimedia (IM) session handling; IM call model; Stage 2".

3 Definitions, symbols and abbreviations

3.1 Definitions

For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [1] and the following
apply. A term defined in the present document takes precedence over the definition of the same term, if any, in
3GPP TR 21.905 [1].

IM session: An IP multimedia (IM) session is a set of multimedia senders and receivers and the data streams flowing
from senders to receivers. |P multimedia sessions are supported by the IP multimedia CN Subsystem and are enabled by
I P connectivity bearers (e.g. GPRS as a bearer). A user may invoke concurrent |P multimedia sessions.

Telepresence: A conference with interactive audio-visual communications experience between remote locations, where
the users enjoy a strong sense of realism and presence between all participants by optimizing a variety of attributes such
as audio and video quality, eye contact, body language, spatial audio, coordinated environments and natural image size.

3.2 Symbols

3.3 Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply. An
abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in
3GPP TR 21.905 [1].

AS Application Server
BFCP Binary Floor Control Protocol
CLUE ControLling mUItiple streams for tElepresence
DTLS Datagram Transport Layer Security
IMS IP Multimedia CN subsystem
MCC Multiple Content Capture
MRF Multimedia Resource Function
MRFC Multimedia Resource Function Controller
MRFP Multimedia Resource Function Processor
SCTP Stream Control Transmission Protocol
SDP Session Description Protocol
SIP Session Initiation Protocol
TP TelePresence
TPUE TelePresence User Equipment
UE User Equipment
4 Telepresence overview

4.1 General

As an architectural framework for provision of |P multimedia services, IMS is capable of delivering various service
functionalities and easing to integrate with new kinds of application, such as telepresence. Compared to traditional
video conference, telepresence is a communication system with multiple cameras, microphones and screens that has the
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characteristics of gaze direction, eye contact, spatial audio and scaling images to true size, which in all to achieve the
immersive "being there" experience for participants.

IMSisusing the IETF defined session control mechanism with the inherited capability to negotiate multiple multimedia
streamsin one single session, which could be applied as a basis for supporting telepresence in IMS that always has the
necessity of producing and rendering various media streams with high qualities among the involved parties, evenin the
point to point case.

Based on the existing procedures as specified in 3GPP TS 24.229 [2] and 3GPP TS 24.147 [3], this specification
introduces updates and enhancements for IM S by incorporating CLUE with SIP, SDP and BFCP to facilitate controlling
multiple spatially related media streamsin an IM session supporting tel epresence.

To provide a"being there" experience for conversational audio and video session between remote locations, a variety of
information needs to be coordinated, such as:

- audio and video spatial information;
- information to enable eye contact, gaze awareness, body language and natural image size; and

- information to coordinate the environments;

4.2 Spatial information

A spatial relationship is representative of the arrangement in space of two or more objects in the same capture scene, in
contrast to retain in time or other relationships. It involves mainly both video and audio sources in telepresence
conferencing system.

For video, a spatia description of source video images sent in video streams, which includes the order of imagesin the
actual captured scene and may be in two or three dimensions, enables a reproduction of the original scene at the receiver
side. For audio, a spatial description of source audio including the point of capture, line of capture and capture
sengitivity pattern (i.e. omni, shotgun, cardioid, hyper-cardioid) enable areproduction at the receiver sidein a spatially
correct manner. Spatial matching may also be needed between audio and video streams coming from a specific party.

When advertising video and audio media capturesin an IM session supporting telepresence, aTP UE aswell asa TP
enabled conference focus sends spatial information, e.g. physical dimensions of the capture area for each video capture,
and associated audio captures spatial information. This allows the receiving party to coordinate the capture scenarios
and perform a proper rendering. Consider a TP UE of atypical triple-screen/camera system as example, of which each
camera can provide one video capture for each 1/3 section of the room. Each capture has spatial information to indicate
the scope of view, where a capture showing a zoomed out view of the whole room has the spatial information indicating
afull global view.

4.3 Media information

The mediainformation is enhanced in an IM session supporting telepresence by introducing the source components of
the media capture, e.g. the original media captures like a camera or a composed media captures indicating a mix of
audio streams, a composed or switched media capture indicating the dynamic or most appropriate subset of a"whole".

The enhanced media information enables a sender to describe the sources and a receiver to choose which it wants to see.
Taking the above example in subclause 4.2, the TP UE can further provide a single capture representing the active
speaker based on voice activity detection, and a single capture representing the active speaker with the other two
captures composed as a picture in picture. The mediainformation can be used to distinguish the media captures from
each other.

Further media information may a so be needed, such as simultaneity constraints. For example, a room camera have two
options which are zoomed-in view and zoomed-out view, but there is no way to get them simultaneously.

4.4 Meeting description

Meeting description includes view information, language information, person information and type, as described below
which enable the receivers to choose and render different captures.
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- View information: indicates a physical or logical region as captured;
- Language information: used in case of multi-lingual and/or accessible conferences;

- Person information: provides specific information about people participating within a multi-media conference;
and

- Person type: indicates the type of people participating within a multi-media conference with respect to the
meeting agenda.

In addition, there may be some descriptive information which contains a relative priority between different captures,
embedded textual information, or additional complementary information.

4.5 Presentation

Presentation indicates resource sharing from one or more specific devices, including slides, video, data and etc.
Presentations may have unfixed sources, which varies in placement and can be seen by all the involved parties.

4.6 Information usage

Theinformation detailed above may be used to obtain a better experience during an IM session between involved
parties with different capabilities, such as different number of devices, different picture aspect ratios, or different
number of media streams for sending and receiving.

The usage of the information depends on the application scenarios. The TP UE described in the example of

subclause 4.2 can provide at least 6 video captures, the message for negotiation therefore needs to contain enough
parameters to describe the characteristics of each capture in order to allow the receiving party to clearly differentiate the
captures and provide a proper rendering, e.g. spatial view, media composition, person information and type, and etc.

Protocols adopted for IM session supporting tel epresence, which exchanges above information among involved parties,
enables interoperability by handling multiple streams in standardized way.

5 Protocol using SIP for telepresence

5.1 Introduction

SIP, as specified in 3GPP TS 24.229 [2] and 3GPP TS 24.147 [3], is used as the basic session control protocol to create
an IM session supporting tel epresence.

The usage of SIP for the point to point call supporting telepresence is following the procedures as specified in
3GPP TS 24.229 [2]. The usage of SIP for the multiparty conference supporting telepresence is following the
procedures as specified in 3GPP TS 24.147 [3].

To support an IM session supporting telepresence, a"+sip.clue” Contact header field parameter is defined in clause 3 of
draft-ietf-clue-signaling [6].

5.2 Functional entities

5.2.1 User Equipment (UE)

For the purpose of IM session supporting tel epresence, the TP UE shall implement the role of a participant in both point
to point call and multiparty conference as described in subclause 5.3.1.
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5.2.2 Media Resource Function Controller (MRFC)

For the purpose of IM session supporting tel epresence, the MRFC shall support the procedures as described in
subclause 5.2.2 of 3GPP TS 24.147 [3].
5.2.3 Conferencing Application Server (Conferencing AS)

For the purpose of IM session supporting tel epresence, the TP enabled conferencing AS shall implement the role of a
conference focus, as described in subclause 5.3.2.

5.3 Role

5.3.1 Participant

During registration the TP UE follows the procedures specified in subclause 5.1.1 of 3GPP TS 24.229 [2] as abasis,
and it shall include a"+sip.clue" Contact header field parameter in the SIP REGISTER request.

To establish an IM session supporting telepresence, the TP UE shall use the procedures as specified in subclause 5.1 of
3GPP TS 24.229 [2] for point to point call, and follow the conference procedures as specified in subclause 5.3.1 of
3GPP TS 24.147 [ 3] for multiparty conference, in both the TP UE shall include a"+sip.clue" Contact header field
parameter in the SIP INVITE and SIP UPDATE requests and responses.

532 Conference Focus

The TP conference focus follows the procedures specified in subclause 5.3.2 of 3GPP TS 24.147 [3] appropriate to the
functional entity in which the conference focus isimplemented.

The TP conference focus shall include the "+sip.clue" Contact header field parameter when generating a SIP request or
response for the establishment of an IM conference supporting telepesence.

6 Protocol using SDP for telepresence

6.1 Introduction

SDP, as specified in 3GPP TS 24.229 [2] and 3GPP TS 24.147 [3], is used to establish multimedia streamsin an IM
Session supporting telepresence.

Inan IM session supporting telepresence, each party in the session usually sends and receives multiple multimedia
streams, which may not be symmetric due to their different capabilities for media production and rendering.

6.2 Functional entities

6.2.1 User Equipment (UE)

For the purpose of IM session supporting tel epresence, the TP UE shall implement the role of a participant in both point
to point call and multiparty conference as described in subclause 6.3.1.

6.2.2 Media Resource Function Controller (MRFC)

For the purpose of IM session supporting tel epresence, the MRFC shall support the procedures described in
subclause 6.2.2 of 3GPP TS 24.147 [3].
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6.2.3 Conferencing Application Server (Conferencing AS)

For the purpose of IM session supporting telepresence, the TP enabled conferencing AS shall act as a conference focus,
as described in subclause 6.3.2. The TP conferencing AS may implement the role of a conference participant as
described in subclause 6.3.1.

6.3 Roles

6.3.1 Participant

6.3.1.1 General

In addition to the procedures specified in subclause 6.3.1, the TP UE shall support the point to point call procedures
specified in subclause 6.1 of 3GPP TS 24.229 [2], and the TP UE shall support the conference procedures specified in
subclause 6.3.1 of 3GPP TS 24.147 [ 3] appropriate to the functional entity in which the participant isimplemented for
multiparty conference.

6.3.1.2 Initiation of IM session supporting telepresence

6.3.1.2.1 Origination procedures
Toinitiate an IM session supporting tel epresence, the TP UE shall:

1) generate an SDP offer in the SIP request, containing basic media streams and an establishment request for a
DTLS/SCTP association used to realize a CLUE data channel. Theinitial SDP offer message negotiates the port
and transport information for setting up the DTLS/SCTP association, via a separate SDP "m=" line with a
UDP/DTLS/SCTP or TCP/DTLS/SCTP proto value, together with an SDP " sctp-port” attribute, and an SDP
"demap" attribute to indicate "CLUE" as the application protocol running over the data channel. The procedures
for establishment of the DTLS/SCTP association via SDP can be found in draft-ietf-mmusic-sctp-sdp [ 7] and
draft-ietf-clue-datachannel [5].

2) set up the DTLS/SCTP association used for a CLUE data channel with the remote party, after receiving the SDP
answer with information for CLUE data channel establishment (e.g. an SDP "m=" line together with the SDP
"sctp-port” attributes to describe a DTLS/SCTP association indicating the use of a data channel).

NOTE 1: If the TP UE receives the SIP response without a"+sip.clue" Contact header field parameter, which
means the remote party does not support CLUE protocol, or if the TP UE receives the SDP answer
without the support information for DTLS/SCTP establishment (e.g. by setting the port number to zero in
the "m=" line describing a DTLS/SCTP association used to realize the CLUE data channel), which means
the remote party does not support the DTLS/SCTP association to establish a CLUE data channel, then the
session shall fall back to anormal IM session.

NOTE 2: Inthe point to point cases, the TP UE can initiate CLUE negotiation viathe first SDP offer/answer when
establishing an IM session or via the update SDP offer/answer during an ongoing IM session depending
on local configuration.

Asdefined in draft-ietf-clue-signaling [6] and draft-ietf-clue-datachannel [5], only a single CLUE data channel is
established within the same IM session supporting tel epresence. Once the CLUE data channel is connected, the TP UE
shall trigger an updated SDP offer/answer exchange to set up media streams for transmission of the media captures as
negotiated in subclause 7.3. When constructing the SDP offer in both of point to point call and multiparty conference,
the TP UE shall:

1) add acorresponding "m=" line for each encoding defined in CLUE messages, using an associated "label"
attribute for each "m=" line to identify the each encoding in CLUE messages. In addition, mark the "m=" line(s)
as send only with an "a=sendonly" attribute or as inactive with an "a=inactive" attribute used to represent the
sender"s encode ability and policies; and

2) usean SDP "group" session-level attribute to signal that the "m=" ling(s) are CLUE-controlled.
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When the SDP offer is sent, the following SDP negotiation procedures shall follow normal rules as defined in

IETF RFC 3264 [8].

In the conference case, if a TP UE acting as a conference participant joinsin the conference, the TP UE shall follow the
above steps to set up an IM session supporting telepresence.

6.3.1.2.2 Termination procedures

When receiving a SIP request to initiate an IM session supporting telepresence, the TP UE shall:

1) send an SDP answer with information for CLUE data channel establishment (e.g. an SDP "m=" line with a
UDP/DTLS/SCTP or TCP/DTLS/SCTP proto value, together with an SDP "sctp-port" attribute, and an SDP
"demap" attribute to indicate "CLUE" as the application protocol running over the data channel), if telepresence
is supported for the session, i.e. by including a"+sip.clue” Contact header field parameter in the SIP response.

NOTE: If thereceiving UE does not support DTLS/SCTP for the request, it shall reject the request for
DTLS/SCTP establishment (e.g. by setting the port number to zero in the "m=" line describing the
DTLS/SCTP association used to redlize to the CLUE data channel). The session shall then proceed as a
normal IM session.

Once the CLUE data channel is connected, the TP UE shall perform the updated SDP offer/answer exchange to set up
media streams for transmission of the media captures as negotiated in subclause 7.3.

In the conference case, when the TP UE acting as a conference participant responds to arequest to join in the
conference, it also shall follow the above steps to complete an IM session supporting tel epresence.

6.3.1.3 Session update

When an ongoing IM session supporting telepresence is updated, interaction of CLUE protocol and SDP negotiations
shall be performed according to clause 5 in draft-ietf-clue-signaling [6].

The update of an ongoing IM session supporting telepresence may result in a session fallback to anormal IM session,
by disabling CLUE according to subclause 4.5.4.3 in draft-ietf-clue-signaling [6].

6.3.1.4 End of IM session supporting telepresence

To release an existing IM session supporting telepresence, the TP UE shall generate a SIP BY E request for the session
in accordance to the procedures described in 3GPP TS 24.229 [2].

To cancel an IM session supporting telepresence currently being established, the TP UE shall send a SIP CANCEL
request to end the session.

6.3.2 Conference Focus

6.3.2.1 General

In addition to the procedures specified in subclause 6.3.2, the conference focus shall support the procedures specified in
subclause 6.3.2 of 3GPP TS 24.147 [3] appropriate to the functional entity in which the conference focusis
implemented.

6.3.2.2 Initiation of IM session supporting telepresence

6.3.2.2.1 Origination procedures

The TP enabled conference focus shall follow the procedures as described in subclause 6.3.1 to initiate an IM
conference supporting telepresence.

Once CLUE data channels between the TP enabled conference focus and TP UEs are connected, the TP enabled
conference focus shall:
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1) trigger an updated SDP offer/answer exchange to set up media streams for transmission of the media captures
between individual TP UE and the TP enabled conference focus based on the received CLUE CONFIGURE
messages, and

2) follow the procedures with TP UEs as described in subclause 6.3.1.2.

6.3.2.2.2 Termination procedures

In the conference case, when the TP UE acting as a conference participant requests to join in the conference, the TP
enabled conference focus shall follow the steps related to CLUE data channel establishment as described in
subclause 6.3.1.3, to complete an IM session supporting telepresence among the other conference participants.

6.3.2.3 Session update

The conference focus may initiate an update to the ongoing IM session supporting telepresence as specified in
subclause 6.3.1.3.

When the conference focus receives an update message to the ongoing IM session supporting telepresence, the
conference focus shall:

1) finalize the CLUE exchange and possible update of SDP offer/answer according to clause 5 in draft-ietf-clue-
signaling [6]; and

2) if session update is needed between the TP enabled conference focus and other participants in the same
conference, the TP enabled conference focus shall initiate the update procedures accordingly.

6.3.2.4 End of IM session supporting telepresence

The TP enabled conference focus shall use the procedures as specified in subclause 6.3.1.4 to end up an IM session
supporting telepresence. The TP enabled conference focus may trigger the procedures upon receiving a REFER request
to remove a conference participant from the ongoing IM conference supporting telepresence.

When the TP enabled conference focus is aware that a participant has left an IM conference supporting telepresence, the
TP enabled conference focus shall terminate the session with the leaving participant following the procedure specified
in subclause 5.3.2.6 of 3GPP TS 24.147 [3], and then:

1) initiate session update to remove media streams to those participants who have configured mediainformation
from the leaving participant; and

2) send CLUE ADVERTISEMENT messages to notify the remaining participants of the latest available media
captures as described in subclause 7.3.1.2.

7 Protocol using CLUE for telepresence

7.1 Introduction

CLUE, as specified in draft-ietf-clue-framework [4], is used to advertise and configure audio and video components
comprising the media flowsin an IM session supporting telepresence.

A data channel for CLUE message, as defined in draft-ietf-clue-datachannel [5], is negotiated viathe first INVITE
message when creating an IM session supporting tel epresence. With the establishment of that channel, the participants
have consented to use the CLUE protocol mechanismsto determine the capabilities of the each of the endpoints with
respect to multiple streams support. The following exchange of CLUE messages of each participant's " advertisement”
and "configure” isto achieve a common view of media components sent and received in the IM session supporting
telepresence. A corresponding SDP offer/answer may be needed to establish the media streams based on the user's
choicein CLUE messages.
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7.2 Functional entities

7.2.1 User Equipment (UE)

The TP UE shall support both of the two rolesin CLUE protocal, i.e. media provider and media consumer, as described
insubclauses 7.3.1 and 7.3.2.

Typically a TP UE acts as both media provider and media consumer in an IM session supporting telepresence.
However, a TP UE may only act asamedia provider if it only sends media streams but not to receive, or it may only act
as amedia consumer if it only receive media streams.

7.2.2 Media Resource Function (MRF)

An MRF is split into the two functional entities, i.e. Multimedia Resource Function Controller (MRFC) and Multimedia
Resource Function Processor (MRFP), as specified in clause 8 of 3GPP TS 23.218 [10].

The two functional entitiesin an IM session supporting telepresence, as part of the TP enabled conference focus,
together with a Conferencing AS shall support both of the two rolesin CLUE protocol, i.e. media provider and media
consumer, as specified in draft-ietf-clue-framework [4].

7.2.3  Conferencing Application Server (Conferencing AS)

A Conferencing AS as part of the TP enabled conference focus, together with an MRF, shall support both of the two
rolesin CLUE protocol, i.e. media provider and media consumer, as specified in draft-ietf-clue-framework [4].

NOTE: Thisdocument only considers the support of CLUE where the AS and the MRF are collocated.

7.3 Roles

7.3.1 Media provider

7311 General

As specified in draft-ietf-clue-framework [4], a media provider representing an entity that intends to send CLUE-
controlled media streams, shall send CLUE ADVERTISEMENT message to describe the content of the media and the
media streams encodings via encoding groups and individual encodings as specified in clause 9 of draft-ietf-clue-
framework [4]. A TP UE or a TP enabled conference focus acting as a media provider shall send CLUE
ADVERTISEMENT message and receive the corresponding CLUE CONFIGURE message from the remote party. The
detailed information and format of CLUE messages can be found in draft-ietf-clue-data-model-schema [9].

7.3.1.2 Media capture advertisement

Once the CLUE data channel is connected during an IM session supporting telepresence, the TP UE, or the TP enabled
conference focus, acting as a media provider shall send a CLUE ADVERTISEMENT message with multiple media
captures related to the video and audio content it can provide, and carry the identities of these media captures together
with information elements to describe characteristics (see clause 4) of these media captures including video capture
spatial information in order to allow the remote party to select the source(s) it wants to consume, according to draft-ietf-
clue-framework [4].

The media provider may send anew CLUE ADVERTISEMENT message to update the media captures anytime during
the ongoing session, as specified in draft-ietf-clue-framework [4]. In the conference case, the TP enabled conference
focus acting as a media provider may further construct anew CLUE ADVERTISEMENT messageto a TP UE in the
conference based on the media capture information received from the other TP UEs.

When the media provider receives the CLUE CONFIGURE message, the media provider shall trigger an updated SDP
offer to establish the media streams based on the latest received CLUE CONFIGURE message as described in
subclause 6.3.1.
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7.3.1.2.1 Multiple content switching and composition

To provide media switching or composition for multiple contents with respect to time and space during an IM session
supporting telepresence, the acting media provider, either the TP UE or the TP enabled conference focus, shall include
one or more Multiple Content Capture (MCC) that is composed of multiple individual capturesin the CLUE
ADVERTISEMENT message, as defined in subclause 7.2 of draft-ietf-clue-framework [4].

7.3.1.2.2 Presentation Initiation

To create a presentation during an IM session supporting tel epresence, the TP UE or the TP enabled conference focus,
acting as a media provider, shall set the presentation attribute (see subclause 4.5) on one or more media capturesin the
CLUE ADVERTISEMENT message, as defined in subclause 7.1.1.8 of draft-ietf-clue-framework [4].

When receiving the CLUE CONFIGURE message with presentation media captures, the TP UE shall trigger an updated
SDP offer as described in subclause 6.3.1 to establish the media stream.

7.3.2 Media consumer

7.3.21 General

As specified in draft-ietf-clue-framework [4], a media consumer representing an entity that intends to receive CLUE-
controlled media streams, shall send CLUE CONFIGURE message to specify the content and media streams it wants to
receive. A TP UE and a TP enabled conference focus acting as a media consumer shall send CLUE CONFIGURE
message to select the media captures based on the latest received CLUE ADVERTISEMENT message. The detailed
information and format of CLUE messages can be found in draft-ietf-clue-data-model -schema [9].

7.3.2.2 Media capture configuration

Once the CLUE data channel is connected in both point to point cases and conference cases, the TP UE acting asa
media consumer shall:

1) be prepared to receive a CLUE ADVERTISEMENT message from a remote party;

2) select the media captures it wants to receive based on the information elements of the media capturesin the
received CLUE ADVERTISEMENT message; and

3) send the selected media captures within a CLUE CONFIGURE message to the remote party.

In the conference case, the TP enabled conference focus shall select the media captures based on the CLUE
CONFIGURE messages received from other TP UEs.

7.3.2.2.1 Multiple content switching and composition

The TP UE or the TP enabled conference focus, acting as a media consumer, may choose to have a switching or
composed media by using of Multiple Content Capture (MCC) via CLUE exchange as defined in subclause 7.2 of draft-
ietf-clue-framework [4].

EXAMPLE: A TP UE of atypical triple-screen/camera system can produce a composed capture representing
the active speaker with the other two captures shown picture in picture, containing attributes to
indicate the maximum number of individual captures and their relative positionsin a composed
image.

7.3.2.2.2 Presentation selection

The TP UE or the TP enabled conference focus, acting as a media consumer, may select a media capture with the
attribute of presentation via CLUE exchange as defined in subclause 7.1.1.8 of draft-ietf-clue-framework [4].
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8 Protocol for floor control for telepresence

8.1 Introduction

BFCP, as specified in 3GPP TS 24.147 [3], is used to offer floor control of shared resourcesin an IM session supporting
telepresence.

Thereisno specia enhancement to BFCP in this document to support an IM session supporting telepresence.
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Annex A (informative):
Example signalling flows

A.1  Scope of signalling flows

This annex gives examples of signalling flows for an IM session supporting telepresence based on the Session Initiation
Protocol (SIP), SIP Events, the Session Description Protocol (SDP) and the CLUE protocol .

These signalling flows provide detailed flows, which expand on the overview conference information flows provided in
3GPPTS24.147 [3].

These signalling flows are simplified in that they do not show the interactions between Intermediate IM S networks, nor
the interactions between the AS and MRF.

A.2  Key required to interpret signalling flows

The key to interpret signalling flows follows the description as specified in annex A of 3GPP TS 24.147 [3].
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A.3  Flows demonstrating the creation of an IM
conference supporting telepresence

A.3.1 Introduction
Clause A.3 coversthe signalling flows that show how an IM conference supporting telepresence is established in

different scenarios.

A.3.2 User creating an IM conference supporting telepresence
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Intermediate
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1. SIP INVITE——
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3. SIP INVITE———
<«—4. SIP 100 Trying————

5. Allocate Conference URI

«—6. SIP 183 Session Progress—|

7. Authorize QoS resources

«—8. SIP 183 Session Progress—

9. Resource Reservation

10. SIP PRACK———
11. SIP PRACK——;

<«—12. SIP 200 OK
«—13. SIP 200 OK

——14. SIP UPDATE———»
——15. SIP UPDATE———>,
««—16. SIP 200 OK
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««—18. SIP 200 OK

19. Approval of QoS Commit
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21. SIP ACK———|
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| 2 3. CLUE data channel establishmen tee——
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24. CLUE ADVERTISEMENT
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Sy 28. CLUE CONFIGURE

«—29. SIP 200 OK
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31. SIP ACK———>|
32. SIP ACK———;

«—33. SIP re-INVITE———
«——34. SIP re-INVITE———

35. CLUE CONFIGURE >
36. SIP 200 OK——»|

37. SIP 200 OK———>|
««—38. SIP ACK
«—39. SIP ACK

IM session supporting telepresence with multiple
—— media streams between UE#1 and MRF/AS ——
I

Figure A.3.2-1: User creating an IM conference supporting telepresence

Figure A.3.2-1 shows a user creating an IM conference supporting telepresence by incorporating CLUE with the basic
IMS SIP/SDP mechanism.
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NOTE: Inthisexample cal flows, the CLUE data channel is established after when the SIP 200 OK is received
by UE#1, but it can be started earlier if needed by the implementation.

The details of the flows are as follows:
1. SIPINVITE request (UE#1 to Intermediate IM S) — see examplein table A.3.2-1

Based on the IMS conference procedures as specified in subclause A.3.2.1 of 3GPP TS 24.147 [3], UE#1
initiates the SIP INVITE request message with a"+sip.clue”" Contact header field parameter which indicates the
UE supports CLUE protocol, the message further comprises a basic media session and a request for a CLUE data
channel (viaan SDP "m=" line indicating a UDP/DTLS/SCTP association, together with SDP "sctp-port”
attribute indicating the use of data channel and an SDP "dcmap” attribute to indicate "CLUE" as the application
protocol running over the data channel), to create an IM conference supporting telepresence.

The SIPINVITE request is forwarded to Intermediate IMS.
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Table A.3.2-1: SIP INVITE request (UE#1 to Intermediate IMS)

I NVI TE si p: conference-factoryl@nrfl. honel.net SIP/2.0

Via: SIP/2.0/UDP [5555:: aaa: bbb: ccc: ddd] : 1357; conp=si gconp; branch=z9h&4bkKnashds7

Max- Forwards: 70

Rout e: <si p: pcscfl.visitedl. net: 7531; | r; conp=si gconp>, <sip:orig@cscfl. honel.net;Ilr>

P-Preferred-ldentity: "John Doe" <sip:userl_publicl@onel. net>

P- Access- Net wor k- I nfo:  3GPP- UTRAN- TDD; utran-cel | -i d- 3gpp=234151DOFCE11

Privacy: none

From <sip:userl_publicl@onel. net>; tag=171828

To: <sip:conference-factoryl@mfl. homel. net>

Call-1D: cb03a0s09a2sdf gl kj 490333

Cseq: 127 INVITE

Require: sec-agree

Proxy- Require: sec-agree

Supported: precondition, 100rel, gruu, 199

Security-Verify: ipsec-3gpp; q=0.1; al g=hmac-sha-1-96; spi-c=98765432; spi-s=87654321
port-c=8642; port-s=7531

Contact: <sip:userl publicl@onel. net>; gr=urn:uuid:f8ld4f ae- 7dec- 11d0- a765-
00a0c91e6bf 6; conp=si gconp; +si p. cl ue

Allow. |INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRI BE, NOTI FY

Accept: application/sdp, application/3gpp-inms+xni

Cont ent - Type: application/sdp

Content-Length: (.)

v=0
0=- 2987933615 2987933615 I N | P6 5555:: aaa: bbb: ccc: ddd
S=-
c=I N | P6 5555:: aaa: bbb: ccc: ddd
t=0 0
a=group CLUE 3
nevi deo 3400 RTP/ AVP 98 99
b=AS: 75
a=curr:qos |l ocal none
a=curr:qos renote none
a=des: gos mandatory | ocal sendrecv
a=des: qos none renote sendrecv
a=rtpmap: 98 H263
a=fntp: 98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES
a=md: 1
mraudi o 3456 RTP/ AVP 97 96
b=AS: 25. 4
a=curr:qos | ocal none
a=curr:qos renote none
a=des: qos nandatory | ocal sendrecv
a=des: qos none renote sendrecv
a=rtpmap: 97 AMR
a=fnt p: 97 node-set=0, 2,5, 7; node-change- peri od=2
a=rt pmap: 96 tel ephone-event
a=maxtime: 20
a=m d: 2
nmeappl i cati on 54111 UDP/ DTLS/ SCTP webrt c- dat achanne
a=curr:qos |l ocal none
a=curr:gos renote none
a=des: qos mandatory | ocal sendrecv
a=des: qos none renote sendrecv
a=nax- message- si ze: 100000
a=sct p-port: 5000
a=set up: act pass
a=connecti on: new
a=fingerprint: SHA-1 \
4A: AD: B9: B1: 3F: 82: 18: 3B: 54: 02: 12: DF: 3E: 5D: 49: 6B: 19: E5: 7C. AB
a=dcmap: 2 subprot ocol =" CLUE"
a=md: 3

Contact: contains the "+sip.clue" Contact header field parameter.
2. SIP 100 (Trying) response (Intermediate IM Sto UE#1)
Intermediate IM S responds to the SIP INVITE request (1) with a 100 (Trying) provisional response.

3. SIPINVITE request (Intermediate IMSto MRF/AS)
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Intermediate IMS forwards the SIP INVITE request to the MRF/AS.
4. SIP 100 (Trying) response (M RF/ASto Inter mediate IM S)
The MRF/AS responds to the SIP INVITE request (3) with a 100 (Trying) provisional response.

5. Allocate Conference URI

The MRF/AS allocates a conference URI for the request, based on local information and information gained
from the conference-factory URI, as well asinformation gained from other elements of the SIP signalling.

6. SIP 183 (Session Progress) response (MRF/ASto Intermediate IM S) — see examplein table A.3.2-2

The MRF determines the set of codecs that it is capable of supporting for this conference. It determines the
intersection with those appearing in the SDP in the SIP INVITE request.

The MRF determines the TP UE's support of telepresence by receiving the "+sip.clue”’ Contact header field
parameter of the SIP INVITE request, and it also includes the same parameter in the response message. The
media stream capabilities of the destination as well as the connection information for a CLUE data channel are
returned in a SIP 183 (Session Progress) provisional response and finally forwarded to UE#1.
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Table A.3.2-2: SIP 183 (Session Progress) response (MRF/AS to Intermediate IMS)

SIP/2.0 183 Sessi on Progress

Via: SIP/2.0/UDP scscfl. honel. net; branch=z9ht4bK332b23. 1, SI P/ 2. 0/ UDP
pcscf 1. vi sitedl. net; branch=z9h&4bK240f 34. 1, SI P/ 2. 0/ UDP
[ 5555: : aaa: bbb: ccc: ddd] : 1357; conp=si gconp; br anch=z9hG4bKnashds7

Recor d- Rout e: <si p: scscf 1. honel. net;lr>, <sip:pcscfl.visitedl. net;Ilr>

P- Asserted-ldentity: "Conference Server" <sip:nrfl. honel. net>

P- Char gi ng- Vect or: i ci d-val ue="Ayr et yuodmt6Q2I r T5t AFr bHLs0=023551024"; ori g-i oi =honel. net;
termi oi =honel. net

P- Char gi ng- Funct i on- Addr esses: ccf=[ 5555: : b99: c88: d77: e66]; ccf=[5555:: a55: b44: c33:d22];
ecf=[ 5555: : 1f f: 2ee: 3dd: 4cc]; ecf=[5555:: 6aa: 7bb: 8cc: 9dd]

Privacy: none

From

To: <sip:conference-factoryl@mfl. homel. net>; tag=314159

Call-1D

CSeq

Require: precondition, 100re

Contact: <sip:|lma234269@rf 1. honel. net; gr>; i sfocus; +si p. cl ue

Allow |INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRI BE, NOTI FY, PUBLI SH

RSeq: 9021

Cont ent - Type: application/sdp

Content-Length: (.)

v=0
0=- 2987933623 2987933623 I N | P6 5555:: aaa: bbb: ccc: ddd
S=-
c=I N | P6 5555::eee: fff:aaa: bbb
t=0 0
a=group CLUE 3
nmevi deo 10001 RTP/ AVP 98 99
b=AS: 75
a=curr:qos |l ocal none
a=curr:gos renote none
a=des: gos mandatory | ocal sendrecv
a=des: qos nmandatory renote sendrecv
a=conf: gos renote sendrecv
a=rtpmap: 98 H263
a=fntp: 98 profile-level-id=0
a=rtpmap: 99 MP4V-ES
a=md: 1
mraudi o 6544 RTP/ AVP 97 96
b=AS: 25. 4
a=curr:qos | ocal none
a=curr:qos renote none
a=des: qos nandatory | ocal sendrecv
a=des: qos nandatory renote sendrecv
a=conf: gos renote sendrecv
a=rtpmap: 97 AMR
a=f nt p: 97 node-set =0, 2,5, 7; node- change- peri od=2
a=rt pmap: 96 tel ephone-event
a=maxpti me: 20
a=m d: 2
mFappl i cati on 62442 UDP/ DTLS/ SCTP webrt c- dat achanne
a=curr:qos |l ocal none
a=curr:gos renote none
a=des: gos mandatory | ocal sendrecv
a=des: qos nandatory renote sendrecv
a=conf: gos renote sendrecv
a= max- message-si ze: 100000
a=sct p-port: 5100
a=set up: passi ve
a=connecti on: new
a=fingerprint: SHA-1 \

4A: AD: B9: B1: 3F: 82: 18: 3B: 54: 02: 12: DF: 3E: 5D: 49: 6B: 19: E5: 7C. AB
a=dcmap: 2 subprot ocol =" CLUE"
a=md: 3

Contact: contains the "+sip.clue" Contact header field parameter.
7. Authorize QoS Resources

Intermediate IMS node authorizes the resources necessary for this session. The approval of QoS commitment
either happens at this stage or after the 200 (OK) response of SIP INVITE request (26) and SIP INVITE request
(34) based on operator local policy.
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8. SIP 183 (Session Progress) response (I ntermediate IM S to UE#1)
Intermediate IMS forwards the SIP 183 (Session Progress) response to the originating UE#1.
9. Resourcereservation
The originating UE#1 sets up the bearer in accordance with the media description received SDP.
10 - 22. Set up of basic media session
The basic media session is processed as per the procedures defined in subclause A.3.2.1 of 3GPP TS 24.147 [3].
23. CLUE channéd establishment

With the negotiated connection information in SDP, UE#1 and MRF establishes the CLUE data channel between
them.

24-25. CLUE ADVERTISEMENT request (between UE#1 and MRF)

UE#1 and MRF exchange their respective CLUE ADVERTISEMENT messages, each of which contains the
available media captures and information elements such as spatial views, media switching, media compositions,
and encodings to facilitate capture selection and rendering.

26. SIPre-INVITE request (UE#1 to Intermediate IM S) —see examplein table A.3.2-3

UE#1 initiates the SIP re-INVITE request adding new multiple media streams with spatial views that are
negotiated viaa CLUE data channel.

For this example, it is assumed that UE#1 is atypical triple-screen/camera system which can produce three video
media streams.

The SIPre-INVITE request is forwarded to Intermediate IMS.
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Table A.3.2-3: SIP re-INVITE request (UE#1 to Intermediate IMS)

I NVI TE si p: | nrea234269@m f 1. honel. net;gr SIP/ 2.0

Via: SIP/2.0/UDP [5555:: aaa: bbb: ccc: ddd] : 1357; conp=si gconp; branch=z9h&4bkKnashds7

Max- Forwards: 70

Rout e: <si p: pcscfl.visitedl. net: 7531; | r; conp=si gconp>, <sip:orig@cscfl. honel.net;Ilr>

P-Preferred-ldentity: "John Doe" <sip:userl_publicl@onel. net>

P- Access- Net wor k- I nfo:  3GPP- UTRAN- TDD; utran-cel | -i d- 3gpp=234151DOFCE11

Privacy: none

From <sip:userl_publicl@onel. net>; tag=171828

To: <sip:l1ma234269@mf 1. horel. net; gr>

Call-1D: cb03a0s09a2sdf gl kj 490333

Cseq: 127 INVITE

Require: sec-agree

Proxy- Require: sec-agree

Supported: precondition, 100rel, gruu, 199

Security-Verify: ipsec-3gpp; q=0.1; al g=hmac-sha-1-96; spi-c=98765432; spi-s=87654321
port-c=8642; port-s=7531

Contact: <sip:userl publicl@onel. net>; gr=urn:uuid:f8ld4f ae- 7dec- 11d0- a765-
00a0c91e6bf 6; conp=si gconp; +si p. cl ue

Allow. |INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRI BE, NOTI FY

Accept: application/sdp, application/3gpp-inms+xni

Cont ent - Type: application/sdp

Content-Length: (.)

v=0

0=- 2987933615 2987933615 I N | P6 5555: : aaa: bbb: ccc: ddd
S=-

c=I N | P6 5555:: aaa: bbb: ccc: ddd

t=0 0

a=group CLUE 3 4 56 7
nevi deo 3400 RTP/ AVP 98 99
b=AS: 75
a=curr:qos |l ocal none
a=curr:qos renote none
a=des: gos mandatory | ocal sendrecv
a=des: qos none renote sendrecv
a=rtpmap: 98 H263
a=fntp: 98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES
a=md: 1
mraudi o 3456 RTP/ AVP 97 96
b=AS: 25. 4
a=curr:qos | ocal none
a=curr:qos renote none
a=des: qos nandatory | ocal sendrecv
a=des: qos none renote sendrecv
a=rtpmap: 97 AMR
a=fnt p: 97 node-set=0, 2,5, 7; node-change- peri od=2
a=rt pmap: 96 tel ephone-event
a=nmaxpti ne: 20a=m d: 2
nmeappl i cati on 54111 UDP/ DTLS/ SCTP webrt c- dat achanne
a=curr:qos | ocal none
a=curr:gos renote none
a=des: qos nandatory | ocal sendrecv
a=des: qos none renote sendrecv
a=max- message- si ze: 100000
a=sct p-port: 5000
a=set up: act pass
a=connecti on: exi sting
a=fingerprint: SHA-1 \

4A: AD: B9: B1: 3F: 82: 18: 3B: 54: 02: 12: DF: 3E: 5D: 49: 6B: 19: E5: 7C. ABa=ni d: 3
a=dcmap: 2 subprot ocol =" CLUE"
a=md: 3
nevi deo 3402 RTP/ AVP 98 99
b=AS: 75
a=curr:qos |l ocal none
a=curr:gos renote none
a=des: qos mandatory | ocal send
a=des: qos none renote recv
a=rtpmap: 98 H263
a=fntp:98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES
a=| abel : encl
a=sendonl y
a=md: 4
nevi deo 3404 RTP/ AVP 98 99
b=AS: 75
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a=curr:qos |l ocal none
a=curr:gos renote none

a=des: qos mandatory | ocal send
a=des: qos none renote recv
a=rtpmap: 98 H263

a=fntp:98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES

a=| abel : enc2

a=sendonl y

a=md: 5

nevi deo 3406 RTP/ AVP 98 99
b=AS: 75

a=curr:qos |l ocal none
a=curr:gos renote none

a=des: qos mandatory | ocal send
a=des: qos none renote recv
a=rtpmap: 98 H263

a=fntp:98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES

a=| abel : enc3

a=sendonl y

a=m d: 6

mraudi o 3458 RTP/ AVP 98 99
b=AS: 25. 4

a=curr:qos |l ocal none
a=curr:gos renote none

a=des: gos mandatory | ocal send
a=des: qos none renote recv
a=rtpmap: 97 AMR

a=f nt p: 97 node-set =0, 2, 5, 7; nax-change- peri od=2
a=rt pmap: 96 tel ephone-event
a=maxti me: 20

a=| abel : enc4

a=sendonl y

a=md: 7

Contact: contains the "+sip.clue" Contact header field parameter.
27. SIP re-INVITE request (Intermediate IMSto MRF/AS)

Intermediate IMS forwards the SIP re-INVITE request to MRF/AS.
28. CLUE CONFIGURE response (M RF to UE#1)

The MRF sends a CLUE CONFIGURE message containing the selected media captures based on the latest
received CLUE ADVERTISEMENT message and the SDP offer associated with the advertised media captures
in SIP re-INVITE request.

NOTE: When having multiple usersin the same meeting, the MRF may also exchange the CLUE messages with
other TP UEs based on reception of the CLUE messages and the SDP offer/answer associated with the
CLUE messages from UE#1.

29. SIP 200 (OK) response (MRF/ASto Intermediate IM S) — see examplein table A.3.2-4

After the success modification of the session, the MRF/AS sends a SIP 200 (OK) final response to the SIP re-
INVITE request (27) to Intermediate IM S based on the selected media capturesin a CLUE CONFIGURE

message.
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Table A.3.2-4: SIP 200 (OK) response (MRF/AS to Intermediate IMS)

SIP/2.0 200 K
Via: SIP/2.0/UDP scscfl. honel. net; branch=z9ht4bK332b23. 1, SI P/ 2. 0/ UDP
pcscf 1. vi sitedl. net; branch=z9hG4bK240f 34. 1, SI P/ 2. 0/ UDP
[ 5555: : aaa: bbb: ccc: ddd] : 1357; conp=si gconp; br anch=z9hG4bKnashds7
Recor d- Rout e: <si p: scscf 1. honel. net;lr>, <sip:pcscfl.visitedl. net;Ilr>
From
To
Call-1D
CSeq: 127 INVITE
Contact: <sip:|lnma234269@mrf 1. hormel. net; gr>; i sfocus; +si p. cl ue
Al'l ow Events: conference, pendi ng-additions
Content-Length: (.)

v=0

0=- 2987933623 2987933623 I N | P6 5555: : aaa: bbb: ccc: ddd
S=-

c=I N | P6 5555:: eee: fff:aaa: bbb

t=0 0

a=group CLUE 3 456 7
nmevi deo 10001 RTP/ AVP 98 99
b=AS: 75
a=curr:qos |l ocal none
a=curr:gos renote none
a=des: qos mandatory | ocal sendrecv
a=des: qos nmandatory renote sendrecv
a=conf: gos renote sendrecv
a=rtpmap: 98 H263
a=fntp: 98 profile-level-id=0
a=rtpmap: 99 MP4V-ES
a=md: 1
mraudi o 6544 RTP/ AVP 97 96
b=AS: 25. 4
a=curr:qos | ocal none
a=curr:gos renote none
a=des: qos nandatory | ocal sendrecv
a=des: qos nmandatory renote sendrecv
a=conf: gos renote sendrecv
a=rtpmap: 97 AMR
a=f nt p: 97 node-set =0, 2,5, 7; node- change- peri od=2
a=rtpmap: 96 tel ephone-event
a=maxptime:20
a=m d: 2
mFappl i cati on 62442 UDP/ DTLS/ SCTP webrt c- dat achanne
a=curr:qos |l ocal none
a=curr:gos renote none
a=des: gos mandatory | ocal sendrecv
a=des: qos nmandatory renote sendrecv
a=conf: gos renote sendrecv
a=connecti on: new
a=max- message- si ze: 100000
a=sct p-port: 5100
a=set up: active
a=connecti on: exi sting
a=fingerprint: SHA-1 \

4A: AD: B9: B1: 3F: 82: 18: 3B: 54: 02: 12: DF: 3E: 5D: 49: 6B: 19: E5: 7C: ABa=mi d: 3
a=dcmap: 2 subprot ocol =" CLUE"
a=md: 3
nmevi deo 10003 RTP/ AVP 98 99
b=AS: 75
a=curr:qos |l ocal none
a=curr:gos renote none
a=des: qos mandatory | ocal recv
a=des: qos none renote send
a=rtpmap: 98 H263
a=fntp:98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES
a=| abel : encl
a=recvonly
a=md: 4
nrvi deo 10005 RTP/ AVP 98 99
b=AS: 75
a=curr:qos | ocal none
a=curr:gos renote none
a=des: qos mandatory | ocal recv
a=des: qos none renote send
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a=rtpmap: 98 H263

a=fntp: 98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES

a=| abel : enc2

a=recvonly

a=md: 5

nmevi deo 10007 RTP/ AVP 98 99
b=AS: 75

a=curr:qos |l ocal none
a=curr:gos renote none

a=des: qos mandatory | ocal recv
a=des: qos none renote send
a=rtpmap: 98 H263

a=fntp:98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES

a=| abel : enc3

a=recvonly

a=m d: 6

mraudi o 6546 RTP/ AVP 97 96
b=AS: 25. 4

a=curr:qos |l ocal none
a=curr:gos renote none

a=des: qos mandatory | ocal recv
a=des: qos mandatory renote send
a=conf: gos renote sendrecv
a=rtpmap: 97 AMR

a=rt pmap: 96 tel ephone-event
a=maxpti me: 20

a=| abel : enc4

a=recvonly

a=md: 7

a=fnt p: 97 node-set =0, 2,5, 7; node-change- peri od=2

Contact: contains the "+sip.clue" Contact header field parameter.

30. SIP 200 (OK) response (Intermediate IM Sto UE#1)

Intermediate IM S forwards the SIP 200 (OK) response to UE#1.
31-32.ACK request (UE#1 to Inter mediate IM S, till MRF/AS)

UE#1 responding to the SIP 200 (OK) response (33) sends a SIP ACK request to Intermediate IMS and till UE#L
as specified in sublcause A.3.2 of 3GPP TS 24.147 [3]. Accordingly, the UE#1L starts to send the media streams

which are configured by MRF/AS via the exchange of CLUE messages.

33. SIPre-INVITE request (M RF/ASto Intermediate | M S) —see examplein table A.3.2-5

MRF/AS sends the SIP re-INVITE request adding new multiple media streams with spatial viewsthat are

negotiated viaa CLUE data channel.

For this example, it is assumed that MRF/AS can send two media streams based on the negotiation of media

captures via the exchange of CLUE messages.

The SIPre-INVITE request is forwarded to Intermediate IMS.
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Table A.3.2-5: SIP re-INVITE request (MRF/AS to Intermediate IMS)

I NVI TE si p:userl_publicl@one2.net SIP/2.0

Via: SIP/2.0/UDP nrfl. honel. net; branch=z9h4bK23273846

Max- Forwards: 70

P- Char gi ng- Vect or : ####

Privacy: none

From <sip:conferencel@nfl. honel. net>;tag=171828

To: <sip:userl_publicl@one2. net>

Cal | -1 D: ch03a0s09a2sdf gl kj 490333

Cseq: 127 INVITE

Supported: precondition, 100re

Contact: <sip:|lnmaa234269@mrf 1. hormel. net; gr>; i sfocus; +si p. cl ue
Allow. INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRI BE, NOTIFY, PUBLI SH
Al | ow Events: conference, pending-additions

Cont ent - Type: application/sdp

Content-Length: (.)

v=0

0=- 2987933623 2987933623 I N | P6 5555: : aaa: bbb: ccc: ddd
S=-

c=I N | P6 5555::eee: fff:aaa: bbb

t=0 0

a=group CLUE 3 456 7 8 9 10
nrvi deo 10001 RTP/ AVP 98 99
b=AS: 75
a=curr:qos | ocal none
a=curr:gos renote none
a=des: qos nandatory | ocal sendrecv
a=des: qos nmandatory renote sendrecv
a=rtpmap: 98 H263
a=fntp:98 profile-level-id=0
a=rtpmap: 99 MP4V-ES
a=md: 1
mraudi o 6544 RTP/ AVP 97 96
b=AS: 25. 4
a=curr:qos |l ocal none
a=curr:gos renote none
a=des: qos mandatory | ocal sendrecv
a=des: qos nmandatory renote sendrecv
a=rtpmap: 97 AMR
a=f nt p: 97 node-set =0, 2,5, 7; node- change- peri od=2
a=rt pmap: 96 tel ephone-event
a=maxpti me: 20
a=m d: 2
mFappl i cati on 62442 UDP/ DTLS/ SCTP webrt c- dat achanne
a=curr:qos | ocal none
a=curr:gos renote none
a=des: qos nandatory | ocal sendrecv
a=des: qos nandatory renote sendrecv
a=set up: passi ve
a=connecti on: new
a=nax- message- si ze: 100000
a=sctp-port: 5100
a=connecti on: exi sting
a=fingerprint: SHA-1 \

4A: AD: B9: B1: 3F: 82: 18: 3B: 54: 02: 12: DF: 3E: 5D: 49: 6B: 19: E5: 7C. ABa=ni d: 3
a=dcmap: 2 subprot ocol =" CLUE"
a=m d: 3
nmevi deo 10003 RTP/ AVP 98 99
b=AS: 75
a=curr:qos |l ocal none
a=curr:gos renote none
a=des: qos mandatory | ocal recv
a=des: qos none renote send
a=rtpmap: 98 H263
a=fntp:98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES
a=| abel : encl
a=recvonly
a=md: 4
nevi deo 10005 RTP/ AVP 98 99
b=AS: 75
a=curr:qos |l ocal none
a=curr:gos renote none
a=des: qos mandatory | ocal recv
a=des: qos none renote send
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a=rtpmap: 98 H263

a=fntp: 98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES

a=| abel : enc2

a=recvonly

a=md: 5

nmevi deo 10007 RTP/ AVP 98 99
b=AS: 75

a=curr:qos |l ocal none
a=curr:gos renote none

a=des: qos mandatory | ocal recv
a=des: qos none renote send
a=rtpmap: 98 H263

a=fntp:98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES

a=| abel : enc3

a=recvonly

a=m d: 6

mraudi o 6546 RTP/ AVP 97 96
b=AS: 25. 4

a=curr:qos |l ocal none
a=curr:gos renote none

a=des: qos mandatory | ocal recv
a=des: qos mandatory renote send
a=conf: gos renote sendrecv
a=rtpmap: 97 AMR

a=fnt p: 97 node-set =0, 2,5, 7; node-change- peri od=2
a=rt pmap: 96 tel ephone-event
a=maxpti me: 20

a=| abel : enc4

a=recvonly

a=md: 7

nmevi deo 10009 RTP/ AVP 98 99
b=AS: 75

a=curr:qos |l ocal none
a=curr:gos renote none

a=des: qos mandatory | ocal send
a=des: qos none renote recv
a=rtpmap: 98 H263

a=fntp: 98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES

a=| abel : enc5

a=sendonl y

a=md: 8

mevi deo 10011 RTP/ AVP 98 99
b=AS: 75

a=curr:qos |l ocal none
a=curr:gos renote none

a=des: qos mandatory | ocal send
a=des: qos none renote recv
a=rtpmap: 98 H263

a=fntp: 98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES

a=| abel : enc6

a=sendonl y

a=m d: 9

mraudi o 6548 RTP/ AVP 97 96
b=AS: 25. 4

a=curr:qos |l ocal none
a=curr:gos renote none

a=des: qos mandatory | ocal send
a=des: qos nmandatory renote recv
a=conf: gos renote sendrecv
a=rtpmap: 97 AMR

a=fnt p: 97 node-set=0, 2,5, 7; node-change- peri od=2
a=rt pmap: 96 tel ephone-event
a=maxptime: 20

a=l abel : enc7

a=sendonl y

a=m d: 10

Contact: contains the "+sip.clue" Contact header field parameter.
34. SIP re-INVITE request (Intermediate IM Sto UE#1)
The SIPre-INVITE request is forwarded to UE#1.
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35. CLUE CONFIGURE response (UE#1 to MRF)

UE#1 sends a CLUE CONFIGURE message containing the selected media captures based on the latest received
CLUE ADVERTISEMENTmessage and the SDP offer associated with the advertised media capturesin SIP re-

INVITE request.

NOTE: When having multiple usersin the same meeting, the MRF may a so exchange the CLUE messages with
other TP UEs based on reception of the CLUE messages and the SDP offer/answer associated with the

CLUE messages from UE#1.
36. SIP 200 (OK) response (UE#1 to Intermediate IM S) — see example in table A.3.2-6

After the success modification of the session, UE#1 sends a SIP 200 (OK) final response to the SIP re-INVITE
reguest (34) to Intermediate IM S based on the selected media capturesin a CLUE CONFIGURE message. UE#1
further deactivates non-CL UE-controlled media streams according to subclause 4.5.4.1 of draft-ietf-clue-

signaling [6].
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Table A.3.2-6: SIP 200 (OK) response (UE#1 to Intermediate IMS)

SIP/2.0 200 K
Via: SIP/2.0/UDP pcscfl.visitedl. net: 5088; conp=si gconp; branch=z9h4bK240f 34. 1 SI P/ 2. 0/ UDP
scscf 1. homel. net ; branch=z9hG4bK332b23. 1, S| P/ 2. 0/ UDP
i cscf 1. honel. net; branch=z9hG4bkK241d17. 2, Sl P/ 2. 0/ UDP
nrf 1. honel. net; branch=z9hG4bK23273846
Recor d- Rout e: <si p: pcscfl.visitedl. net:5088;Ir; conp=si gconp>, <sip:scscfl. honel.net;Ilr>
P- Access- Net wor k- | nfo: 3GPP- UTRAN- TDD; utran-cel | -i d-3gpp=234151D0FCE11
From
To
Call -1D:
CSeq: 127 INVITE
Contact: <sip:userl publicl@one2. net>; gr=urn:uui d: 2ad8950e- 48a5- 4a74- 8d99-
ad76cc7f c74; conp=si gconp; +si p. cl ue
Content-Length: (.)

v=0

0=- 2987933615 2987933615 I N | P6 5555: : aaa: bbb: ccc: ddd
S=-

c=I N | P6 5555:: aaa: bbb: ccc: ddd

t=0 0

a=group CLUE 3 456 7 8 9 10
nevi deo 0 RTP/ AVP 98 99
b=AS: 75
a=curr:qos |l ocal none
a=curr:gos renote none
a=des: qos mandatory | ocal sendrecv
a=des: qos none renote sendrecv
a=rtpmap: 98 H263
a=fntp: 98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES
a=md: 1
mraudi o 0 RTP/ AVP 97 96
b=AS: 25. 4
a=curr:qos | ocal none
a=curr:gos renote none
a=des: qos nandatory | ocal sendrecv
a=des: qos none renote sendrecv
a=rtpmap: 97 AMR
a=fnt p: 97 node-set=0, 2,5, 7; node-change- peri od=2
a=rt pmap: 96 tel ephone-event
a=maxptime: 20
a=m d: 2
meappl i cation 51111 UDP/ DTLS/ SCTP webrt c- dat achanne
a=curr:qos |l ocal none
a=curr:gos renote none
a=des: qos mandatory | ocal sendrecv
a=des: qos none renote sendrecv
a=nax- message- si ze: 100000
a=sct p-port: 5000
a=set up: active
a=connecti on: exi sting
a=fingerprint: SHA-1 \

4A: AD: B9: B1: 3F: 82: 18: 3B: 54: 02: 12: DF: 3E: 5D: 49: 6B: 19: E5: 7C. ABa=mi d: 3
a=dcmap: 2 subprot ocol =" CLUE"
a=md: 3
nrvi deo 3402 RTP/ AVP 98 99
b=AS: 75
a=curr:qos | ocal none
a=curr:gos renote none
a=des: qos mandatory | ocal send
a=des: qos none renote recv
a=rtpmap: 98 H263
a=fntp: 98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES
a=l abel : encl
a=sendonl y
a=md: 4
nevi deo 3404 RTP/ AVP 98 99
b=AS: 75
a=curr:qos |l ocal none
a=curr:gos renote none
a=des: qos mandatory | ocal send
a=des: qos none renote recv
a=rtpmap: 98 H263
a=fntp: 98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES

ETSI



3GPP TS 24.103 version 12.1.0 Release 12 33

ETSITS 124 103 V12.1.0 (2015-04)

a=| abel : enc2

a=sendonl y

a=md: 5

nrvi deo 3406 RTP/ AVP 98 99
b=AS: 75

a=curr:qos |l ocal none
a=curr:gos renote none

a=des: gos mandatory | ocal send
a=des: qos none renote recv
a=rtpmap: 98 H263

a=fntp: 98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES

a=l abel : enc3

a=sendonl y

a=m d: 6

mraudi o 3458 RTP/ AVP 97 96
b=AS: 25. 4

a=curr:qos |l ocal none
a=curr:gos renote none

a=des: qos mandatory | ocal send
a=des: qos none renote recv
a=rtpmap: 97 AMR

a=fnt p: 97 node-set=0, 2,5, 7; node-change- peri od=2
a=rt pmap: 96 tel ephone-event
a=maxptime: 20

a=| abel : enc4

a=sendonl y

a=md: 7

nevi deo 3408 RTP/ AVP 98 99
b=AS: 75

a=curr:qos |l ocal none
a=curr:gos renote none

a=des: qos mandatory | ocal recv
a=des: qos none renote send
a=rtpmap: 98 H263

a=fntp: 98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES

a=| abel : enc5

a=recvonly

a=md: 8

nevi deo 3410 RTP/ AVP 98 99
b=AS: 75

a=curr:qos |l ocal none
a=curr:gos renote none

a=des: qos mandatory | ocal recv
a=des: qos none renote send
a=rtpmap: 98 H263

a=fntp: 98 profile-level-id=0
a=rt pmap: 99: MPVMP4V- ES

a=| abel : enc6

a=recvonly

a=m d: 9

mraudi o 3460 RTP/ AVP 97 96
b=AS: 25. 4

a=curr:qos |l ocal none
a=curr:gos renote none

a=des: qos mandatory | ocal recv
a=des: qos none renote send
a=rtpmap: 97 AMR

a=f nt p: 97 node-set =0, 2, 5, 7; node- change- peri od=2
a=rt pmap: 96 tel ephone-event
a=maxpti me: 20

a=l abel : enc7

a=recvonly

a=m n: 10

Contact: contains the "+sip.clue" Contact header field parameter.
37. SIP 200 (OK) response (Intermediate IM Sto MRF/AS)
Intermediate IM S forwards the SIP 200 (OK) response to the MRF/AS.

38-39. SIP ACK request (MRF/ASto Intermediate IMS, till UE#1)
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The MRF/AS responding to the SIP 200 (OK) response (41) sends a SIP ACK request sent to Intermediate
IMS and till UE#1 as specified in subclause A.3.2 of 3GPP TS 24.147 [3]. Accordingly, the UE#1 startsto
receive the media streams which are configured by itself via the exchange of CLUE messages.
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A.3.3 User invited to an IM conference supporting telepresence

Subclause A.3.3 covers the signalling flows that inviting a TP UE getting invited to an IM conference supporting
telepresence, which may be triggered for example after the conference focus receives a REFER request to invite a user

join the conference.

MRF/AS

1. SIP INVITE———>
«—2. SIP 100 Trying———

fnfermeglafe

6. Authorize QoS resources

«—7. SIP 183 Session Progress—
8. SIP PRACK———p

<«—11. SIP 200 OK
——12. SIP UPDATE———|

«—15. SIP 200 OK

17. Approval

bf QoS Commit

<«—18. SIP 200 OK
19. SIP ACK———,

| —————————?1. CLUE data cha

22. CLUE ADV
< 23. CLUE ADV
24 SIP re-INVITE—>
< 26. CLUE C

«—28. SIP 200 OK;
29. SIP ACK———pf

€—32. SIP re-INVITE——
33. CLUE C

34. SIP 200 OK———

««—37. SIP ACK:

IM session supporting te|
media streams betwes

ERTISEMENT:

3. SIP INVITE———
<«—4. SIP 100 Trying———
5. SIP 183 Session Progress—

9. SIP PRACK———;
«—10. SIP 200 OK——

———13. SIP UPDATE——,
¢—14. SIP 200 OK———

«—16. SIP 200 OK———

20. SIP ACK——p
Nnel establiShMe Nt ——

UE#2

ERTISEMENT

>

—25. SIP re-INVITE—

ONFIGURE

€«—27. SIP 200 OK——

30. SIP ACK———>|
«—31. SIP re-INVITE———

ONFIGURE

««—36. SIP ACK:

lepresence with multiple
en UE#2 and MRF/AS

35. SIP 200 OK——

>

Figure A.3.3-1: A user invited to an IM conference supporting telepresence
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Figure A.3.3-1 shows a user invited to an IM conference supporting tel epresence by incorporating CLUE tools with the
basic IMS SIP/SDP mechanism.

A.4  Flows demonstrating the update of an onging IM
conference supporting telepresence

Figure A.4-1 shows the example call flow of update during an ongoing IM session supporting telepresence after
multiple media streams been established between UE#1land MRF/AS.

Intermediate

IMS MRF/AS

UE#1

IM session supporting telepresence with multiple media streams
between UE#1 and MRF/AS have been established

1. CLUE ADVERTISEMENT: >
1

<€ 2. CLUE CONFIGURE:

——3. SIP re-INVITE——»

——4. SIP re-INVITE———|
<«—5. SIP 200 OK
<«—6. SIP 200 OK:
7. SIP ACK———— >
8. SIP ACK———»

<\:IM session supporting telepresence with udpated multiple—,\

media streams between UE#1 and MRF/AS W

Figure A.4-1: Call flow of update during an onging IM conference supporting telepresence
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2014-07 Incorporate procedure for session update and media feaure tag 0.2.0 |0.3.0
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