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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

IP Multimedia (IM) Core Network (CN) subsystem Service Continuity (SC) provides the capability of continuing
ongoing communication sessions with multiple media across different access networks or across different user
equipments (UES) under the control of the same subscriber.

NOTE: When the communication session is transferred across different UES, the session can be a collaborative
session with controller and controllee UEs. In this version of the document, there can only be one
controller UE but severa controllee UEs in the collaborative session.

The present document provides the protocol details for enabling IMS SC based on the Session Initiation protocol (SIP)
and the Session Description Protocol (SDP) and the protocols of the 3GPP Circuit-Switched (CS) domain (e.g. CAP,
MAP, ISUP, BICC and the NAS call control protocol for the CS access).

The present document is applicable to User Equipment (UEs) and Application Servers (AS) providing IMS Service
Continuity capabilities.

2 References

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

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

o For aspecific reference, subsequent revisions do not apply.
e 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 TR 21.905: "Vocabulary for 3GPP Specifications'.

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

[3] 3GPP TS 24.228 Release 5: "Signalling flows for the IP multimedia call control based on Session
Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".

[4] 3GPP TS 24.292: "IP Multimedia (IM) Core Network (CN) subsystem Centralized Services (ICS);
Stage 3".

[5] 3GPP TS 24.216: "Communication continuity managed object".

[6] 3GPP TS 29.328: "IP Multimedia Subsystem (IMS) Shinterface; Signalling flows and message
contents'.

[7] 3GPP TS 29.329: "Sh interface based on the Diameter protocol; Protocol details'.

[8] 3GPP TS 24.008: "Mobile radio interface layer 3 specification; Core Network protocols; Stage 3".

[9] 3GPP TS 23.237: "IP Multimedia subsystem (IMS) Service Continuity; Stage 2".

[10] IETF RFC 3891: "The Session Initiation Protocol (SIP) "Replaces’ Header".

[11] IETF RFC 4538: "Request Authorization through Dialog Identification in the Session Initiation
Protocol (SIP)".

[12] 3GPP TS 23.003: "Numbering, addressing and identification".

[13] IETF RFC 3515: "The Session Initiation Protocol (SIP) Refer Method".
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[14] 3GPP TS 23.167: "IP Multimedia Subsystem (IMS) emergency sessions’.

[15] 3GPP TS 23.228: "IP Multimedia Subsystem (IMS); Stage 2".

[16] IETF RFC 5012 (January 2008): "Requirements for Emergency Context Resolution with Internet
Technologies'.

[17] IETF RFC 5031 (January 2008): "A Uniform Resource Name (URN) for Services'.

[18] 3GPP TS 29.292: "Interworking between the IP Multimedia (IM) Core Network (CN) subsystem
and MSC Server for IMS Centralized Services (ICS)".

[19] IETF RFC 3261: "SIP: Session Initiation Protocol".

[20] IETF RFC 4488: " Suppression of Session Initiation Protocol (SIP) REFER Method Implicit
Subscription™.

[21] IETF RFC 4825: "XML Media Types'.

[22] draft-ietf-sip-outbound-20 (June 9, 2009): "Managing Client Initiated Connections in the Session

Initiation Protocol (SIP)".
Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[23] 3GPP TS 24.286: "IP Multimedia (IM) Core Network (CN) subsystem Centralised Services (ICS);
Management Object (MO)".

3 Definitions and abbreviations

3.1 Definitions

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

Dynamic ST1: An STI dynamically assigned by the SCC AS, representing the SIP dialog identifier (Call-1D header
field and the values of tagsin To and From header fields) and used for session transfer request when Gm service control
isavailable.

Static STI: An STI configured in the SC UE either asa SIP URI or as an E.164 number in tel URI or SIP URI
representation of tel URI. The static STI is used for CS-PS transfer when dynamic ST1 is unavailable.

For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.292 [4] apply:
Correlation MSISDN

For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.237 [9] apply:

AccessLeg

Remote L eg

Target AccessLeg

Source Access Leg

Session Transfer Identifier (ST1)

Session Transfer Number (STN)

Session Transfer Number for SR-VCC (STN-SR)
Collaborative session

Controllee UE

Controller UE

Inter-UE transfer

Emergency Session Transfer Number for SR VCC(E-STN-SR)
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For the purposes of the present document, the following terms and definitions given in 3GPP TS 24.292 [4] apply:
CScall
CSmedia

For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.003 [12] apply:
I P Multimedia Routing Number (IMRN)

For the purposes of the present document, the following terms and definitions given in IETF RFC 5012 [16] apply:

Emergency service URN

3.2 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].

EATF Emergency Access Transfer Function
E-STN-SR Emergency Call Session Transfer Number — Single Radio
E-SR-VCC Emergency Single Radio Voice Call Continuity

IMRN IP Multimedia Routing Number

SC Service Continuity

SCC Service Centralization and Continuity
SR-VCC Single Radio VCC

STI Session Transfer Identifier

STN Session Transfer Number

STN-SR Session Transfer Number - Single Radio

4 Overview of IP Multimedia (IM) Core Network (CN)
subsystem Service Continuity

4.1 General

In general, IMS Service Continuity can be divided into two concepts:

1. providing the capability of transferring ongoing communication sessions with multiple media across different
access networks. The main need for such continuity arises because user equipments (UEs) with multimedia
capabilities can move across a multiplicity of different access networks; and

2. providing the capability of transferring the communication sesions with multiple media across different UEs.
The following procedures are provided within this document:

- proceduresfor registration in IM CN subsystem are specified in clause 6;

- procedures for call origination are specified in clause 7;

- proceduresfor call termination are specified in clause §;

- procedures for PS-CS access transferare specified in clause 9;

- procedures for PS-PS access transferare specified in clause 10;

- procedures for PS-PS access transferin conjunction with PS-CS access transferare specified in clause 11;

- procedures for PS-CS access transferfor Single Radio are specified in clause 12;

- procedures for media adding/deleting for access transfer are specified in clause 13;
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- procedures for UE discovery for inter-UE transfer are specified in clause 14;

- procedures for inter-UE transfer without establishment of collaborative session are specified in clause 15;
- procedures for collaborative session establishment for inter-UE transfer are specified in clause 16;

- procedures for media transfer within collaborative session for inter-UE transfer are specified in clause 17;
- procedures for release of collaborative session for inter-UE transfer in clause 18;

- procedure for media adding/del eting within collaborative session for inter-UE transfer are specified in
clause 19; and

- procedures for service continuity and MMTEL interactions are specified in clause 20.

For aUE or an AS not supporting | CS procedures, PS-CS service continuity is only possible when the UE is activein a
single full-duplex speech or speech/video session i.e. support of access transfer or inter-UE transfer with more than one
session or with non voice mediais not provided.

4.2 Underlying network capabilities

SC assumes the use of a number of underlying network capabilities:

1) provision by the home network operator of SCC AS on the IM CN subsystem, as specified in
3GPPTS24.229[2];

2) if ICSisused, the network capabilities as specified in 3GPP TS 24.292 [4];

4.3 URI and address assignments

In order to support SC to a subscriber, the following URI and address assignments are assumed:

a) inthisversion of the document, the SC UE for access transfer will be configured with both a static STl and a
static STN. The static ST1 is used by the SC UE to perform CS to PS access transfer when no dynamically
assigned ST is provided to the UE over the CS domain (e.g. when the SC UE does not support ICS capabilities).
The static STN is used by the SC UE to perform PS to CS access transfer when no service control signalling path
as specified in 3GPP TS 24.292 [4] is available.

b) the SC UE will be configured to be reachable in both the IM CN subsystem and the CS domain by one or more
public telecommunication numbers which should be correlated between the CS domain and IM CN subsystem.
Either:

- this public telecommunication number can be the DN (e.g. MSISDN) used in the CS domain and (in
international form) comprise part of theimplicit registration set associated with that SC UE inthe IM CN
subsystem; or

- the SCC AS can be configured to provide afunctional relationship between separate numbers providing each
of these identities in the CS domain and the IM CN subsystem, respectively.

5 Functional entities

5.1 Introduction

This clause associates the functional entities with the SC roles described in the stage 2 architecture document (see
3GPPTS23.237 [9]).

5.2 User Equipment (UE)

UE can be compliant with:
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- both the access transfer and the inter-UE transfer;
- theaccess transfer; or
- theinter-UE transfer

in this document.

To be compliant with access transfer in this document, a UE shall implement the role of an SC UE according to
subclause 6.2, subclause 7.2, subclause 8.2, subclause 9.2, subclause 10.2, subclause 11.2, subclause 12.2 and
subclause 13.2.

To be compliant with inter-UE transfer in this document, an SC UE shall implement the role of an SC UE according to
subclause 14.2, subclause 15.2, subclause 16.2, subclause 17.2, subclause 18.2 and subclause 19.2.

NOTE: Intheinter-UE transfer, a session can be collaborative session where there are one controller UE and
severeal controllee UEs. The controllee UE can be alegacy UE and does not have be compliant with the
above subclauses.

5.3 Application Server (AS)

AS can be compliant with:
- both the access transfer and the inter-UE transfer;
- the access transfer; or
- theinter-UE transfer

in this document.

To be compliant with access transfer in this document, an AS shall implement the role of an SCC AS according to
subclause 6.3, subclause 7.3, subclause 8.3, subclause 9.3, subclause 10.3, subclause 11.3, subclause 12.3 and
subclause 13.3.

To be compliant with inter-UE transfer in this document, an AS shall implement the role of an SCC AS according to
subclause 14.3, subclause 15.3, subclause 16.3, subclause 17.3, subclause 18.3 and subclause 19.3.

6 Roles for registration in the IM CN subsystem for
service continuity

6.1 Introduction

A 3rd-party registration shall be performed via the | SC interface for the SCC AS.

6.2 SC UE

Prior to performing IMS registration the SC UE if it supports ICS capabilities shall check that IMS service continuity
using ICSisenabled. Anindication that IMS service continuity using ICS is enabled can be found in the ICS MO
ICS_Capabilities Enabled leaf node (see 3GPP TS 24.286 [23]).

The SC UE shall follow the procedures specified in 3GPP TS 24.229 [2] for registration of the UE in the IM CN
subsystem.

If IMS service continuity using ICS is enabled then prior to making use of IMS ICS procedures, the SC UE shall follow
the procedures specified in 3GPP TS 24.292 [4] for registration of the ICS UE in the IM CN subsystem.
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6.3 SCC AS

The SCC AS can obtain registration state information that it needs to implement SCC specific requirements from:

a) any received third-party REGISTER request (e.g. including information contained in the body of the third-party
REGISTER request) as specified in 3GPP TS 24.229 [2];

b) any received reg event package as specified in 3GPP TS 24.229 [2]; or
c) the Shinterface as specified in 3GPP TS 29.328 [6] and 3GPP TS 29.329 [7].

NOTE: Obtaining registration state information from HSS using Sh interface does not allow the SCC AS to know
the capabilities supported by the user registered UE(Ss), including the used IP-CAN(S).

When the SCC AS receives a REGISTER request and obtains the registration state information including an Correlation
MSISDN using one of the above procedures, the SCC AS shall determine if the REGISTER request is associated with
ongoing CS call by matching the Correlation MSISDN against the;

a) tel URI inthe P-Asserted-ldentity header field or associated with the received IMRN when the SIP INVITE
reguest was due to static STN, where the SIP INVITE request was stored according to subclause 7.3.1; or

b) tel URI inthe Request-URI when the SIP INVITE request was due to processing unregistered filter criteria,
where the SIP INVITE request was stored according to subclause 7.3.1.

If the REGISTER request is associated with an ongoing call the contents of the Contact header field in the REGISTER
request shall be bound to the ongoing CS call session identifier.

6.4 MSC server

If MSC server supports the M SC server assisted mid-call feature, the MSC server shall behave as an MSC server
enhanced for ICS as specified in 3GPP TS 29.292 [18] and 3GPP TS 24.292 [4] with following additions:

- include the media feature tag g.3gpp.mid-call as described in annex C in the Contact header field of the SIP
REGISTER request;

7 Roles for call origination for service continuity

7.1 Introduction

This clause specifies the procedures for call origination, both where the SC UE is generating callsin the CS domain and
where the SC UE is generating calls using the IM CN subsystem. Procedures are specified for the SC UE, the SCC AS
and the EATF.

7.2 SC UE

If IMS service continuity using ICS is enabled then the SC UE shall support origination of multimedia sessionsin the
IM CN subsystem as specified in 3GPP TS 24.229 [2]. If the SC UE supports the MSC server assisted mid-call feature,
the SC UE shall include the media feature tag as described in annex C in the Contact header field of the SIP INVITE
request.

The SC UE shall support origination of callsin the CS domain as specified in 3GPP TS 24.008 [8].

The procedures for call origination where the SC UE isinitiating calls using CS media are identical to that for ICS UE
specified in 3GPP TS 24.292 [4].

When originating an IMS emergency call as specified in 3GPP TS 24.229 [2] and if the SC UE has an IMEI, then the
SC UE shall include the instance-id feature tag as specified in [22] with value based on the IMEI as defined in
3GPP TS 23.003[12] in the Contact header field of the SIP INVITE request.
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7.3 SCC AS

7.3.1 Distinction of requests sent to the SCC AS

The SCC AS needs to distinguish between the following initial SIP INVITE requests to provide specific functionality
relating to call origination:

- SIPINVITE requests routed to the SCC AS over the | SC interface as aresult of processing filter criteria at the S-
CSCF according to the origination procedures as specified in 3GPP TS 24.229 [2], and therefore distinguished
by the URI relating to this particular filter criteria appearing in the topmost entry in the Route header. In the
procedures below, such requests are known as " SIP INVITE requests due to originating filter criteria’. Itis
assumed that the SCC ASisthefirst ASthat the S-CSCF forwards the request to after receiving the request from
the UE.

The SCC AS shall store the SIP INVITE requests due to static STN (as defined in subclause 9.3.1) and the SIP INVITE
requests due to originating filter criteria, at least until their sessions are terminated.

Other SIP initial requests for a dialog, and requests for a SI P standal one transaction can be dealt with in any manner
conformant with 3GPP TS 24.229 [8].
7.3.2 Call origination procedures at the SCC AS

When the SCC AS receives a SIP INVITE request due to originating filter criteria, the SCC AS shall follow the SCC
ASrolesfor call origination procedures specified in 3GPP TS 24.292 [4].

If
1. the SCC AS supports the MSC Server assisted mid-call feature according to operator policy;

2. the mediafeature-tag g.3gpp.mid-call as described in annex C isincluded in the Contact header field of the SIP
INVITE request due to originating filter criteria; and

3. the SCC ASisawarethat all MSC Serversin the network where the UE is registered which can beinvolved in
the SRV CC procedures support the MSC Server assisted mid-call feature;

NOTE: SCC AS can identify the network where the UE isregistered based on the P-Visited-Network-1d header
field and the P-Access-Network-1nfo header field of the SIP REGISTER request.

then the SCC AS shall include the media feature-tag g.3gpp.mid-call as described in annex C in the Contact header field
of the SIP 2xx response to the SIP INVITE request due to originating filter criteria

If the SCC AS supports the MSC Server assisted mid-call feature according to operator policy, the SCC AS shall
remove the media feature-tag g.3gpp.mid-call as described in annex C from the SIP INVITE request due to originating
filter criteria before forwarding the SIP INVITE request towards the remote UE.

7.4 EATF

7.4.1 Distinction of requests sent to the EATF

The EATF needs to distinguish between the following initial SIP INVITE requests to provide specific functionality
relating to call origination:

- SIPINVITE request including arequest URI that contains an emergency service URN, i.e. aservice URN with a
top-level service type of "sos' as specified in IETF RFC 5031 [17]. In the procedures below, such requests are
known as "SIP INVITE requests due to emergency service URN".

Other SIP initial requests for a dialog, and requests for a SIP standalone transaction can be dealt with in any manner
conformant with 3GPP TS 24.229 [8].
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7.4.2 Call origination procedures at the EATF

When the EATF receives a SIP INVITE requests due to emergency service URN, the EATF shall storethe SIP INVITE
request until the session is terminated, anchor the session and act as arouteing B2BUA as described in
3GPPTS24.229[2].

Editor's note: it is FFS whether EATF needsto fulfill al the functionality of the routeing B2BUA or whether a new
role needs to be defined for EATF in 24.229

8 Roles for call termination for service continuity

8.1 Introduction

This clause specifies the procedures for call termination, both where the SC UE is receiving calls in the CS domain and
where the SC UE isreceiving calls using the IM CN subsystem. Procedures are specified for the SC UE and the
SCC AS.

8.2 SC UE

The SC UE shall support termination of multimedia sessionsin the IM CN subsystem as specified in

3GPP TS 24.229 [2]and in 3GPP TS 24.292 [4]. If the SC UE supports the MSC server assisted mid-call feature, and
the receiving SIP INVITE request includes media feature tag as described in annex C in the Contact header field, the SC
UE shall include the mediafeature tag as described in annex C in the Contact header field of the SIP 2xx response to the
SIP INVITE reguest.

The SC UE shall support termination of callsin the CS domain as specified in 3GPP TS 24.008 [8].

The procedures for call termination where the SC UE isreceiving calls using CS media are identical to that for ICS UE
roles for call termination procedures which are specified in 3GPP TS 24.292 [4].

8.3 SCC AS

8.3.1 Distinction of requests sent to the SCC AS

The SCC AS needs to distinguish between the following initial SIP INVITE requests to provide specific functionality
relating to call termination:

- SIPINVITE requests routed to the SCC AS over the ISC interface as aresult of processing filter criteriaat the S-
CSCF according to the termination procedures as specified in 3GPP TS 24.229 [2], and therefore di stinguished
by the URI relating to this particular filter criteria appearing in the topmost entry in the Route header. In the
procedures below, such requests are known as " SIP INVITE reguests due to terminating filter criteria’. Itis
assumed that the SCC ASisthe last ASthat the S-CSCF forwards the request to.

Other SIP initial requests for a dialog, and requests for a SIP standalone transaction can be dealt with in any manner
conformant with 3GPP TS 24.229 [2].

8.3.2 Call termination procedures in the SCC AS

When the SCC AS receives a SIP INVITE request due to terminating filter criteria, the SCC AS shall follow the SCC
ASrolesfor call termination procedures specified in 3GPP TS 24.292 [4].

If
1. the SCC AS supportsthe MSC Server assisted mid-call feature according to operator policy; and

2. the SCC ASisawarethat all MSC Serversin the network where the UE is registered which can beinvolved in
the SRV CC procedures support the MSC Server assisted mid-call feature;
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then the SCC AS shall include the media feature-tag g.3gpp.mid-call as described in annex C in the Contact header field
of the SIP INVITE request due to terminating filter criteria.

If the SCC AS supports the MSC Server assisted mid-call feature according to operator policy, the SCC AS shall
remove the media feature-tag g.3gpp.mid-call as described in annex C from the SIP 2xx response to the SIP INVITE
request due to terminating filter criteria before forwarding the SIP 2xx response towards the remote UE.

9 Roles for PS-CS access transfer

9.1 Introduction

For aUE or an AS not supporting | CS procedures, PS-CS access transfer is only possible when the UE isactiveina
single full-duplex speech or speech/video session i.e. support of session transfer with more than one sessions or with
non voice mediais not provided.

9.2 SC UE

9.2.1 SC UE procedures for PS to CS access transfer

The SC UE may be engaged in one or more ongoing IM S sessions at the time of initiating access transfer. By an
ongoing IMS session, it is meant a session for which the 2xx response for theinitial SIP INVITE request to establish
this session has been sent or received.

If IMS service continuity using ICS is enabled then if the SC UE isusing Gm, then for each session to be transferred
and starting with the active session, the SC UE shall send a SIP INVITE request to the SCC AS according to the ICS
UE using Gm procedures for call origination as specified in 3GPP TS 24.292 [4]. The SC UE shall populate the SIP
INVITE request as specified for PS-PS access transferwith full media transfer in subclause 10.2.1.

If the SC UE is not using I CS capabilities and if the SC UE does not apply the MSC Server assisted mid-call feature as
specified in subclause 9.2.1A, then access transfer is only possible when the UE is active in asingle full-duplex speech
session. If multiple full-duplex speech sessions exist, the SC UE shall first initiate the release of all the ongoing full-
duplex speech sessions except the session with active full-duplex speech component that was most recently made active
and then the SC UE shall transfer the remaining ongoing active full-duplex speech session.

When transferring the session(s) not using |CS capabilities, the SC UE shall send, to the SCC AS, a message (e.g.
CC_SETUP as specified in 3GPP TS 24.008 [8]) to set up acall over the CS domain. When sending CC_SETUP, the
SC UE shall populate the CC_SETUP asfollows:

1) the called party BCD number information element set to the static STN.

If the SC UE receives a rel ease message to the CC SETUP message sent, then PS-CS acccess transfer has not compl eted
successfully and the call will continue in the Source Access Leg.

9.2.1A SC UE procedures for PS to CS access transfer with MSC server
assisted mid-call feature

Editor's note: access transfer when only the held sessions are established is FFS

Editor's note: it is FFS how to ensure that the UE and the MSC Server would use the same transaction identifers for
the conferencing sessions

The SC UE shall apply the MSC Server assisted mid-call feature when transferring the session not using ICS
capabilitiesif

1. the SC UE supports the M SC Server assisted mid-call feature; and
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2. thereisat least one ongoing active full-duplex speech session and the Contact header field provided by remote

UE at the establishment of the ongoing active full-duplex speech session which has been most recently made
active includes the media feature-tag g.3gpp.mid-call as described in annex C.

When the SC UE applies the MSC Server assisted mid-call feature, in addition to the procedures described in
subclause 9.2.1, the SC UE shall, before sending a message to set up a call over the CS domain:

1

if there are two or more ongoing active full-duplex speech sessions:

A. initiate the release of all the ongoing full-duplex speech sessions except two that were most recently made
active;

B. initiate the session modification of the ongoing full-duplex speech session that was made active less recently
and offer the full-duplex speech component as inactive; and

C. transfer two remaining ongoing full-duplex speech sessions;

NOTE: When active and inactive ongoing full-duplex speech sessions exist, one CC_SETUP message transfers

both sessions.

if there is one ongoing active full-duplex speech session and one or more ongoing inactive full-duplex speech
session,

A. initiate the release of al the ongoing inactive full-duplex speech sessions except the one which became
inactive most recently; and

B. transfer two remaining ongoing full-duplex speech sessions; and

if there is one ongoing active full-duplex speech session and no ongoing inactive full-duplex speech session,
transfer the ongoing full-duplex speech session.

The SC UE shall associate the additional transferred session with CS call with transaction identifier calculated asin the
table 9.2.1A-1 and TI flag value asin mobile originated call.

Table 9.2.1A-1: held session transaction identifier calculation formula

<transaction identifier of the additional transferred session> = (1 + <transaction identifier

of the CS call established by the SETUP message>) modulo 7

9.2.1B SC UE procedures for PS to CS access transfer with MSC server

assisted mid-call feature for speech and video session

When PS to CS access transfer occurs, with a speech and video session and another speech session using PS mediain
the SC UE, the SC UE applies the MSC Server assisted mid-call feature according to the procedures described in
subclause 9.2.1A with the following additions:

if the SC UE supports SCUDIF feature, and the speech and video session is active and speech session isinactive
the SC UE shall transfer the active speech and video session as specified in subclause 9.2.1, and indicate the
support of SCUDIF in the SETUP message as specified in 3GPP TS 24.008 [8], with multimedia bearer
capability preferred for the current active session; and

if the SC UE supports SCUDIF feature, and the speech and video session is inactive and speech session is active,
the SC UE shall transfer the speech session as specified in subclause 9.2.1, and indicate the support of SCUDIF
in the SETUP message as specified in 3GPP TS 24.008 [8], with speech bearer capability preferred for the
current active session.

NOTE: After successful transfer of the speech and video session and another speech session from PSto CS, the

UE can switch between the two sessions by holding/rel easing the active session and resuming the inactive
session as specified in 3GPP TS 24.008 [8], with the addition that the UE can initiate the in-call
modification or Redial procedures as specified in 3GPP TS 24.008 [8] to change the shared CS bearer of
the two sessions from speech to multimedia, or vice versa
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9.2.2 SC UE procedures for CS to PS access transfer

The SC UE may be engaged in one or more ongoing sessions before performing access transfer. By an ongoing session,
itis meant aCS call for which the CS call setup procedure is complete, e.g. CC CONNECT message has been sent or
received as described in 3GPP TS 24.008 [8] or a call for which the 2xx response for the initial SIP INVITE request to
establish this session has been sent or received.

If not already IM S registered, the SC UE shall follow the procedures specified in subclause 6.2 to perform IMS
registration over the Target Access Leg before performing CS to PS access transfer.

If IMS service continuity using ICS is enabled then if the original sessions are established using |CS capabilities, then
for each session to be transferred and starting with the active session, the SC UE shall send a SIP INVITE request to the
SCC ASin accordance with the UE procedures specified in 3GPP TS 24.229 [2]. The SC UE shall populate the SIP
INVITE request as specified for PS-PS access transfer with full media transfer in subclause 10.2.1.

If the original sessions are not established using ICS capabilities and the SC UE does not support the MSC Server
assisted mid-call feature as described in subclause 9.2.3, then access transfer is only possible when the SC UE is active
in asingle full-duplex speech session. If multiple full-duplex speech sessions exist, the SC UE shall first initiate the
release of all the ongoing sessions that are currently not active and then the SC UE shall transfer the remaining ongoing
active full-duplex speech session.

When transferring the session(s) not using |CS capabilities, the SC UE shall send a SIP INVITE request to the SCC AS
in accordance with the UE procedures specified in 3GPP TS 24.229 [2] . The SC UE shall populate the SIP INVITE
request as follows:

1) the Request-URI set to the static STI; and

2) include in the Contact header field a public GRUU or temporary GRUU as specified in 3GPP TS 24.229 2], if a
GRUU was received at registration.

If the SC UE receives any SIP 4xx — 6xx response to the SIP INVITE request, then session transfer has not occurred
and the call will continue in the CS domain.

When the SC UE receives a CS call release message, e.g. CC DISCONNECT message as specified in
3GPP TS 24.008 [8], from the network, the SC UE shall comply with network initiated call release procedures to
release the CS bearer.

9.2.3 SC UE procedures for CS to PS access transfer with MSC server
assisted mid-call feature

When the SC UE supports the MSC Server assisted mid-call feature, the SC UE shall populate the SIP INVITE request
for transferring the session not using I CS capabilities as follows in addition to the procedures described in
subclause 9.2.2:

1. the Supported header field containing the option-tag "norefersub™ specified in IETF RFC 4488 [20];
2. the Accept header field containing the MIME type as specified in annex D.1.3; and
3. include in the Contact header field the media feature-tag g.3gpp.mid-call as described in annex C.

NOTE 1: If the original sessions are not established using ICS capahilities and the SCC AS and the SC UE support
the MSC Server assisted mid-call feature, up to one active and up to one inactive full-duplex speech
session can be transferred.

Upon receiving a SIP REFER request within the SIP session established by the SIP INVITE request for transferring the
session not using ICS capabilities:

1. with the Refer-Sub header field containing "false”" value;
2. with the Supported header field containing "norefersub™ value;
3. with the Target-Dialog URI header field in the URI of the Refer-To header field;
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4.

5.

where the remote UE included the feature-tag g.3gpp.mid-call as specified in annex C in the Contact header field
of the SIP 2xx response to the SIP INVITE request; and

containing a MIME body of MIME type specified in the annex D.1.3;

and if the SC UE supports the MSC Server assisted mid-call feature, then the SC UE shall:

1

handle the SIP REFER request as specified in 3GPP TS 24.229 [2], IETF RFC 3515 [13] and
IETF RFC 4488 [20]; and

send a SIP INVITE reguest for an additional inactive session in accordance with the procedures specified in
3GPP TS 24.229 [2] and IETF RFC 3515 [13]. The SC UE shall populate the SIP INVITE request as follows:

A. header fields which were included as URI header fieldsin the URI in the Refer-To header field of the
received SIP REFER request as specified in IETF RFC 3261 [19] except the "body" URI header field;

B. includein the Contact header field:

a. apublic GRUU or temporary GRUU as specified in 3GPP TS 24.229 [2] if a GRUU was received at
registration; and

b. the media feature-tag g.3gpp.mid-call as described in annex C; and
C. the SDP offer with:

a. the same amount of the media descriptions asin the "body" URI header field in the URI in the Refer-To
header field of the received SIP REFER request;

b. each"m=" line having the same media type as the corresponding "m=" line in the "body" URI header
field in the URI in the Refer-To header field of the received SIP REFER request;

C. port set to zero valuein each "m="line whose corresponding "m=" line in the "body" URI header field in
the URI in the Refer-To header field of the received SIP REFER request has port with zero value; and

d. al media offered with sendonly or inactive directionality.

NOTE 2: port can be sent to zero or non zero value for the offered "m=" line whose corresponding "m=" line in the

9.3

"body" URI header field in the URI in the Refer-To header field of the received SIP REFER request has
port with nonzero value.

SCC AS

9.3.1 Distinction of requests sent to the SCC AS

The SCC AS needs to distinguish between the following initial SIP INVITE requests to provide specific functionality
relating to access transfer:

SIP INVITE requests routed to the SCC AS containing a STI belonging to the subscribed user in the Replaces
header field or Target-Dialog header field. In the procedures below, such requests are known as"SIP INVITE
requests due to STI ".

SIP INVITE requests routed to the SCC AS containing a static ST in the Request-URI. In the procedures
below, such requests are known as " SIP INVITE requests due to static STI".

SIP INVITE requests routed to the SCC AS containing either astatic STN, a STN-SR or an IMRN (as
described in 3GPP TS 24.292 [4]) in the Request-URI. In the procedures below, such requests are known as
"SIP INVITE requests due to static STN ".

NOTE: The mediastreamsthat need to be transferred are identified using information described in the subsequent

sections.

Other SIP initial requests for a dialog and requests for a SIP standal one transaction can be dealt with in any manner
conformant with 3GPP TS 24.229 [2].
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9.3.2 SCC AS procedures for PS to CS access transfer

When the SCC ASreceivesa SIP INVITE request dueto STI on the Target Access Leg, the SCC AS shall follow the
procedures specified in subclause 10.3.2.

When the SCC ASreceives SIP INVITE request due to static STN, the SCC AS shall associate the SIP INVITE request
with an ongoing SIP dialog based on information associated with the received IMRN (as described in

3GPP TS 24.292 [4]) or based on information from the SIP History-Info header field and P-Asserted header field and
send a SIP re-INVITE request towards the remote UE using the existing established dialog. By an ongoing SIP diaog, it
is meant adialog for which a SIP 2xx response to the initial SIP INVITE request has been sent or received. Multiple

dia ogs associated with the same SC UE may have been anchored when the SCC AS receivesa SIP INVITE request due
to static STN. This can occur in the event that the UE does not succeed in releasing al inactive dialogs or if the UE
appliesthe MSC Server assisted mid-call feature. The identification of the associated dialog is subject to the following
conditions:

1

if only one SIP dialog exists for the user identified in the P-Asserted-Identity header field and a SIP 2xx response
has been sent and there is active audio media, then continue the session transfer with the active audio media SIP
dialog;

if no SIP dialogs exist for the user identified in the P-Asserted-1dentity header field where there is active audio
media and a SIP 2xx response has been sent and the SCC AS does not apply the MSC Server assisted mid-call
feature as specified in subclause 9.3.2A, then send a SIP 480 (Temporarily Unavailable) response to reject the
SIP INVITE request relating to the session transfer;

if more than one SIP dialog exists for the user identified in the P-Asserted-1dentity header field for which SIP
2xx responses have been sent and there is active audio media on each of them, then the SCC AS shall perform
session transfer procedures for the dialog that originates from the same device that initiated the received INVITE
request due to static STN. If more than one such dialogs exists from the same device, the SCC AS shall proceed
with the next step in thislist; and

NOTE 1: Whether the dialog originates from the same UE as the received SIP INVITE request is determined based

on local information and information related to the correlation MSISDN or the Instance-1D of the
originating user as determined via registration procedures as defined in subclause 6.3.

if more than one SIP dialog exists for the user identified in the P-Asserted-ldentity header field and exactly one
dialog exists where there is active audio media and a SIP 2xx response has been sent for that dialog, then:

- if the SCC AS does not apply the MSC Server assisted mid-call feature as specified in subclause 9.3.2A, then
the SCC AS may release the inactive audio media dialogs and continue the session transfer procedures with
the active audio media SIP dialog; or

- if the SCC ASisnot able to identify one dialog for session transfer, then the SCC AS shall send a SIP 480
(Temporarily Unavailable) response to reject the SIP INVITE request relating to the session transfer.

if more than one SIP dialog with active audio media exist for the user identified in the P-Asserted-1dentity
header field and a SIP 2xx response has been sent for that dialog, then:

- if the SCC AS does not apply the MSC Server assisted mid-call feature as specified in subclause 9.3.2A, the
SCC AS may release al SIP dialogs with audio media of the user identified in the P-Asserted-ldentity header
field for which a SIP 2xx response has been sent except the dialog with the active audio media that was most
recently made active and continue the session transfer procedures; or

- if the SCC ASisnot able to identify one dialog for session transfer, then the SCC AS shall send a SIP 480
(Temporarily Unavailable) response to reject the SIP INVITE request relating to the session transfer.

Continuing the session transfer procedures, the SCC AS shall populate the SIP re-INVITE request as follows:

1) set the Request-URI to the URI contained in the Contact header field returned at the creation of the dialog with

the remote UE; and

2) anew SDP offer, including the media characteristics as received in the SIP INVITE request due to static STN,

by following the rules of 3GPP TS 24.229 [2].

Upon receiving the SIP ACK request from the IM CN subsystem, then:
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if the source access leg contains only one audio media components the SCC AS shall initiate release of the
source access leg by sending a SIP BY E request toward the S-CSCF for sending to the served SC UE; or

If the Source Access L eg contains media components other than audio media component, the SCC AS should
send are-INVITE request to update the source access leg.

9.3.2A SCC AS procedures for PS to CS access transfer with MSC server

assisted mid-call feature

The SCC AS shall apply the MSC Server assisted mid-call feature if

1

the Contact header field of the SIP INVITE request due to static STN includes the feature-tag g.3gpp.mid-call as
specified in annex C;

at least one active audio media dialog exists for the user identified in the P-Asserted-Identity header field and the
Contact header field provided by the SC UE at the establishment of the active audio media dialog which has
been most recently made active includes the media feature-tag g.3gpp.mid-call as described in annex C

the SCC AS supports the M SC Server assisted mid-call feature according to operator policy; and

the SCC ASisaware that all MSC Serversin the network where the UE is registered which can beinvolved in
the SRV CC procedures support the MSC Server assisted mid-call feature.

When the SCC AS applies the MSC Server assisted mid-call feature, in addition to the procedures described in
subclause 9.3.2, the SCC AS shall, before determining that the SCC ASis not able to identify one dialog for session
transfer, proceed as follows:

1

if more than one SIP dialog exists for the user identified in the P-Asserted-1dentity header field, and exactly one
active audio media dialog exists, and a SIP 2xx response has been sent for that dialog and there is at least one
remaining inactive audio media dialog, then the SCC AS may release all inactive audio media dialogs except the
dialog with the audio media which became inactive most recently and continue the session transfer procedures
with the active audio media SIP dialog; and

if more than one active audio media SIP dialog exists for the user identified in the P-Asserted-ldentity header
field and a SIP 2xx response has been sent for these dialogs then the SCC AS may release all dialogs with audio
media except two dialogs with the audio media which became active most recently and continue the session
transfer procedures with the dialog with the audio media which became active most recently.

Editor's note: transport of the session state information is FFS

When the SCC AS applies the MSC Server assisted mid-call feature, in addition to the procedures described in
subclause 9.3.2, the SCC AS shall include the media feature-tag g.3gpp.mid-call as described in annex C in the Contact
header field of the SIP 2xx response to the SIP INVITE request due to static STN.

If the SCC AS applies the MSC Server assisted mid-call feature, two SIP dialogs with an audio media exist for the user
identified in the P-Asserted-Identity header field and a SIP 2xx response has been sent for those dialogs then the SCC
AS shall send a SIP REFER request towards the MSC Server in accordance with the procedures specified in
3GPPTS24.229 (2], IETF RFC 3515 [13] and IETF RFC 4488 [20] in the dialog created by the SIP INVITE request
dueto static STN. The SCC AS shall populate the SIP REFER request as follows:

1
2.
3.

the Refer-Sub header field with value "false" as specified in IETF RFC 4488 [20];
the Supported header field with value "norefersub™ as specified in IETF RFC 4488 [20];

the Refer-To header field containing the information related to the session with an audio media other than the
session associated with the SIP INVITE request due to static STN, i.e. set to the URI provided by SCC ASinthe
Contact header field to the SC UE during the session establishment and the following URI header fields:

A. the Target-Dialog URI header field populated as specified in IETF RFC 4538 [11], containing the dialog
identifier of the session with the SC UE;

B. the Require URI header field populated with the option tag value "tdialog";
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C. the To URI header field populated as specified in IETF RFC 3261 [19], containing the P-Asserted-lIdentity
provided by the remote UE during the session establishment;

D. the From URI header field populated as specified in IETF RFC 3261 [19], containing the public user identity
of the SC UE provided during the session establishment;

E. the Content-Type header field with "application/sdp”; and

F. the"body" URI header field populated with an SDP body describing the media streams as negotiated in the
session with the remote UE.

4. the Content-Type header field with the value set to MIME type as specified in the annex D.1.3; and

5. aXML body compliant to the XML schema specified in the annex D.1.2.

9.3.3 SCC AS procedures for CS to PS access transfer

When the SCC ASreceivesa SIP INVITE request dueto STI on the Target Access Leg, the SCC AS shall follow the
procedures specified in subclause 10.3.2.

When the SCC ASreceivesa SIP INVITE request dueto static ST, the SCC AS shall associatethe SIP INVITE
request with an ongoing SIP dialog. By an ongoing SIP dialog, it is meant a dialog for which a SIP 2xx response to the
initial SIP INVITE request has been sent or received. Multiple dialogs associated with the same SC UE may have been
anchored when the SCC ASreceivesa SIP INVITE request due to static STI. This can occur in the event that the UE
does not succeed in releasing al inactive audio media dialogs or if the UE supports the M SC Server assisted mid-call
feature, in which case the identification of the associated dialog is subject to the following conditions:

1. if only one SIP dialog exists for the user identified in the P-Asserted-1dentity header field and a 2xx response has
been sent and there is active audio media, then continue the session transfer procedures,

2. if no SIP dialogs exist for the user identified in the P-Asserted-ldentity header field where there is active audio
media and a SIP 2xx response has been sent and the SCC AS does hot apply the MSC Server assisted mid-call
feature as specified in subclause 9.3.4, then send a SIP 480 (Temporarily Unavailable) response to reject the SIP
INVITE request relating to the session transfer;

3. if more than one SIP dialog exists for the user identified in the P-Asserted-Identity header field and exactly one
dialog exists where there is active audio media and a SIP 2xx response has been sent for that dialog, then:

A. if the remaining dialogs have inactive audio media and the SCC AS does not apply the MSC Server assisted
mid-call feature as specified in subclause 9.3.4, then the SCC AS may release the inactive audio media
dialogs and continue the session transfer procedures with the active audio media SIP dialog; and

4. if the SCC ASisnot ableto identify one dialog for session transfer, then the SCC AS shall send a SIP 480
(Temporarily Unavailable) response to reject the SIP INVITE request relating to the session transfer.

Continuing the session transfer procedures, the SCC AS sends a SIP re-INVITE request towards the remote UE using
the existing established dialog. The SCC AS shall populate the SIP re-INVITE request as follows:

1) set the Request-URI to the URI contained in the Contact header field returned at the creation of the dialog with
the remote UE; and

2) anew SDP offer, including the media characteristics as received in the SIP INVITE request due to the static ST,
by following the rules of 3GPP TS 24.229 [2].

Upon receiving the SIP ACK request originated from the UE, the SCC AS shall initiate release of the source access leg
by sending a SIP BY E request over the source access |l eg.

If, subsequent to initiating the SIP re-INVITE request to the remote UE, and prior to the SIP ACK request originated
from the UE being received from the IM CN subsystem for the source access leg, the SCC AS decides (for any reason)
to reject the session transfer request back to the UE (e.g. by sending a 4xx response), the SCC AS shall release the
target access leg and maintain the source access leg.
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9.34 SCC AS procedures for CS to PS access transfer with MSC server
assisted mid-call feature

The SCC AS shall apply the MSC Server assisted mid-call feature if

1. the Contact header field of the SIP INVITE request due to static STI includes the feature-tag g.3gpp.mid-call as
specified in annex C;

2. the SCC AS supports the MSC Server assisted mid-call feature according to operator policy; and

3. the SCC ASisawarethat all MSC Serversin the network where the UE is registered which can be involved in
the SRV CC procedures support the MSC Server assisted mid-call feature.

When the SCC AS applies the MSC Server assisted mid-call feature, in addition to the procedures described in
subclause 9.3.3, SCC AS shall, before determining that the SCC ASis not able to identify one dialog for session
transfer, proceed as follows:

1. if morethan one SIP dialog exists for the user identified in the P-Asserted-ldentity header field, and exactly one
dialog exists where there is active audio media, and a SIP 2xx response has been sent for that dialog and thereis
at least one remaining inactive audio media dialog then the SCC AS may release al inactive audio media dialogs
except the dialog with the audio media which became inactive most recently and continue the session transfer
procedures with the active audio media SIP dialog.

When the SCC AS applies the MSC Server assisted mid-call feature, in addition to the procedures described in
subclause 9.3.2, the SCC AS shall include the media feature-tag g.3gpp.mid-call as described in annex C in the Contact
header field of the SIP 2xx response to the SIP INVITE request due to static STI.

If the SCC AS appliesthe MSC Server assisted mid-call feature, two SIP dialogs with an audio media exist for the user
identified in the P-Asserted-Identity header field and a SIP 2xx response has been sent for those dialogs then the SCC
AS shall send a SIP REFER request towards the SC UE in accordance with the procedures specified in
3GPPTS24.229[2], IETF RFC 3515 [13] and IETF RFC 4488 [20] in the dialog created by the SIP INVITE reguest
due to static STI. The SCC AS shall populate the SIP REFER request as follows:

1. the Refer-Sub header field with value "false" as specified in IETF RFC 4488 [20];
2. the Supported header field with value "norefersub” as specified in IETF RFC 4488 [20];

3. the Refer-To header field containing the information related to the session with an audio media other than the
session associated with the SIP INVITE request due to static STN, i.e. set to the URI provided by SCC ASin the
Contact header field to the SC UE during the session establishment and the following URI header fields:

A. the Target-Dialog URI header field populated as specified in IETF RFC 4538 [11], containing the dialog
identifier of the session with the MSC Server;

B. the Require URI header field populated with the option tag value "tdialog";

C. the To URI header field popul ated as specified in IETF RFC 3261 [8], containing the P-Asserted-Identity
provided by the remote UE during the session establishment;

D. the From URI header field populated as specified in IETF RFC 3261 [8], containing the public user identity
of the SC UE provided during the session establishment;

E. the Content-Type header field with "application/sdp”; and

F. the"body" URI header field populated with an SDP body describing the media streams as negotiated in the
session with the remote UE.

4. the Content-Type header field with the value set to MIME type specified in the annex D.1.3; and

5. a3GPPIM CN subsystem XML body compliant to the XML schema specified in the annex D.1.2.
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9.4 MSC Server enhanced for ICS

9.4.1 MSC Server enhanced for ICS procedures for PS to CS session
continuity with MSC server assisted mid-call feature

Editor's note: it is FFS how to ensure that the UE and the MSC Server would use the same transaction identifers for
the conferencing sessions

Editor's note: transport of the session state information is FFS

In addition to the procedures specified in 3GPP TS 29.292 [18], the MSC Server enhanced for ICS supporting the MSC
Server assisted mid-call feature shall populate the SIP INVITE request as follows:

1. the Supported header field containing the option-tag "norefersub™ specified in IETF RFC 4488 [20];
2. the Accept header field containing the MIME type as specified in annex D.1.3; and
3. include in the Contact header field the media feature-tag g.3gpp.mid-call as described in annex C.

NOTE 1: Since the MSC Server is not able to distinguish the dua radio access transfer from the regular session set
up, the information elements above are added to every SIP INVITE request sent by the MSC Server.

Upon receiving a SIP REFER request
1. with the Refer-Sub header field containing "false” value;
2. with the Supported header field containing "norefersub” value;
3. with the Refer-To header field containing a SIP URI with the Target-Dialog URI header field;
4. sentinside an existing SIP dialog:
A. which was originated by the MSC Server; and

B. where the remote UE included the feature-tag g.3gpp.mid-call as specified in annex C in the Contact header
field of the SIP 2xx response to the SIP INVITE request; and

5. containing a MIME body of MIME type specified in the annex D.1.3;

and if the MSC Server enhanced for ICS supports the MSC Server assisted mid-call feature, then the MSC Server
enhanced for ICS shall:

1. handlethe SIP REFER request as specified in 3GPP TS 20.292 [18], IETF RFC 3515 [13] and
IETF RFC 4488 [20]; and

2. send aSIP INVITE request for transfer of an additional inactive session not using | CS capabilities in accordance
with the procedures specified in 3GPP TS 29.292 [18] and IETF RFC 3515 [13]. Additionally, the MSC Server
enhanced for ICS shall populate the SIP INVITE request as follows:

A. header fields which were included as URI header fieldsin the URI in the Refer-To header field of the
received SIP REFER request as specified in IETF RFC 3261 [19] except the "body" URI header field;

B. include in the Contact header field the media feature-tag g.3gpp.mid-call as described in annex C; and
C. the SDP offer with:

a. the same amount of the media descriptions asin the "body" URI header field in the URI in the Refer-To
header field of the received SIP REFER request;

b. each "m=" line having the same mediatype as the corresponding "m=" line in the "body" URI header
field in the URI in the Refer-To header field of the received SIP REFER request;

C. port set to zero valuein each "m="line whose corresponding "m=" line in the "body" URI header field in
the URI in the Refer-To header field of the received SIP REFER request has port with zero value; and
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d. al media offered with sendonly or inactive directionality; and

NOTE 2: port can be sent to zero or non zero value for the offered "m=" line whose corresponding "m=" line in the
"body" URI header field in the URI in the Refer-To header field of the received SIP REFER request has
port with nonzero value.

The MSC Server enhanced for ICS shall associate the SIP INVITE request for an additional inactive session with CS
call with transaction identifier calculated asin the table 9.2.1A-1 and Tl flag value as in mobile originated call.

9.4.1A MSC Server enhanced for ICS procedures for PS to CS session
continuity with MSC server assisted mid-call feature for speech and
video session

If the MSC Server enhanced for |CS supports the MSC Server assisted mid-call feature, upon receiving the session state
information which indicates an inactive speech and video session, the MSC Server enhanced for ICS shall send a SIP
INVITE request for the additional inactive speech and video session as described in subclause 9.4.1A.

NOTE 1: If dueto some reason (i.e. the current RAN type not supporting video, lack of resource, etc.) the video
media can not be supported in CS network for the speech and video session, then the MSC Server can set
the port to zero in the "m=" line for the video mediain the SDP offer of the SIP INVITE request for the
additional inactive session, so asto inform the SCC AS that the video mediais deleted and only the audio
media of the speech and video session is transferred to CS.

NOTE 2: After successful transfer of a speech and video session and a speech session from PSto CS, if messages
are received from the UE to switch between the two sessions (i.e. HOL D/Rel ease message to hold/rel ease
the active session and Retrieve message to retrieve the inactive session), the MSC Server enhanced for
ICS can perform the procedures as specified in 3GPP TS 29.292 [18], with the addition that the MSC
Server enhanced for ICS can complete the in-call modification or Redial procedures as specified in
3GPP TS 24.008 [8] to change the shared CS bearer of the two sessions from speech to multimedia, or
vice versa, before sending a SIP UPDATE or SIP re-INVITE message to the SCC AS to resume the
inactive session.

10 Roles for PS-PS access transfer

10.1 Introduction

This clause specifies the procedures for PS-PS access transfer for both full media transfer case and partial media
transfer case. Procedures are specified for the SC UE and the SCC AS.

10.2 SCUE

The SC UE may be engaged in one or more ongoing sessions before performing access transfer. By an ongoing session,
it is meant a session for which the SIP 2xx response for the initial SIP INVITE request to establish this session has been
sent or received.

The SC UE may receive the operator policy via OMA Device Management, see 3GPP TS 24.216 [5]. When the SC UE
receives the operator policy, for each session to be transferred, it shall take the operator policy into account when
deciding to perform the following:

- selecting the access for initiating the PS-PS transfer;
- determining whether to transfer full or partial media during PS-PS transfer; or
- determining whether to add or remove media during the PS-PS transfer.

If the SC UE is configured with the operator policy (e.g. via OMA Device Management as described in
3GPP TS 24.216 [5]) then, for each media or group of media contained in the MediaorGroup node, the SC UE shall:

ETSI



3GPP TS 24.237 version 9.1.0 Release 9 27 ETSI TS 124 237 V9.1.0 (2010-01)

1)

2)

3)

4)

restrict originating sessions and session transfer towards the access networks contained in the
RestrictedAccessNetworkType node and;

consider the list of access networks contained in the PreferredAccessNetworks node in the order of priority from
the access networks such that, when available, the highest priority access network can be used for originating
sessions and session transfer procedures,

if a new access network gets available- transfer media components to a higher priority target network than the
current access network based on the value contained in the SC_media_transfer node value. If the
SC media_transfer node valueis:

"shall" the UE shall start a session transfer according to the home operator' slist of preferred access networks
contained in the PreferredAccessNetworks node;

- "should" the UE is recommended to start session transfer according to the home operator' slist of preferred
access networks contained in the PreferredAccessNetworks node. The UE can evaluate if session transfer is
possible and desirable after having taken into account the Local Operating Environment Information;

- "may" the UE can decide whether or not to start session transfer in accordance with user preferencesif
configured in the UE. The UE can evaluate if session transfer is possible and desirable after having taken into
account the Local Operating Environment Information. If user preferences are not configured, the UE can
evaluate the home operator' slist of preferred access networks contained in the PreferredAccessNetworks
node.

decide whether to keep or drop non transferable media components in the case of partial session transfer based
on the SC_non_transferrable_media node value.

The SC UE shall follow the procedures specified in subclause 6.1 to perform IMS registration over the Target Access
L eg before performing PS-PS access transfer.

10.2.1 Full session transfer

To initiate PS-PS access transfer for a session, the SC UE shall send a SIP INVITE request over the Target Access Leg
in accordance with UE procedures specified in 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request
asfollows:

1

2.

the Request-URI set to the URI contained in the Contact header field returned at the creation of the dialog over
the Source Access Leg;

include in the Contact header field:

A apublic GRUU or temporary GRUU as specified in 3GPP TS 24.229 [2] if a GRUU was received at
registration; and

B the mediafeaturetag g.3gpp.ics set to "principal” as specified in annex B of 3GPP TS 24.292 [4];
select one of the following options:
A. if usage of SIP Replaces extension is selected:

a the Replaces header field populated as specified in IETF RFC 3891 [10], containing the dialog identifier
of the session to be transferred; and

b. the Require header field populated with the option tag value "replaces’;
B. if usage of SIP Target-Dialog extension is selected:

a. the Target-Dialog header field populated as specified in IETF RFC 4538 [11], containing the dialog
identifier of the session to be transferred; and

b. the Require header field populated with the option tag value "tdialog"; and

the SDP payload set for the media component(s) to be transferred, in accordance with the UE SDP origination
procedures specified in 3GPP TS 24.229 [2]. The SDP shall contain the same number of media lines, each
corresponding to one of the media components in the original session, unless media components need to be
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added. Each medialine shall indicate the same media type as its corresponding media component in the original
session and shall contain at least one codec that was negotiated during the original session.

A- If the SC UE determines to remove a media component during the transfer, then the media line for this media
component shall include a port number with value zero; and

B- If the SC UE determines to add new media component(s) during the transfer, then one additional medialine
with the desired media type and codecs shall be added for each new media component at the end of the SDP.

NOTE: If an SC UE isan ICS UE with an ongoing session using CS bearer and Gm reference point for service
control signalling, the SC UE can perform an access transfer of the service control signalling from the
current IP-CAN to anew IP-CAN with the same capabilities (i.e. supporting CS and PS bearers,
simultaneously) while retaining the media component in the CS access network by including the
description of audio/video media over acircuit switched bearer in the SDP of the access transfer request,
so that service continuity of the session is maintained.

Upon receiving SIP 2xx response for the SIP INVITE request sent over the Target Access Leg and sending SIP ACK
request, if the dialog over the Source Access Leg is still active, the SC UE shall send a SIP BY E request to the SCC AS
over the Source Access Leg to terminate the original session.

If the SC UE receives any SIP 4xx — 6xx response to the SIP INVITE request sent over the Target Access Leg, then PS-
PS access transfer has not completed successfully and the call will continue in the Source Access Leg.

10.2.1A Additional procedures for full session transfer when MSC server
assisted mid-call feature is supported
In addition to the procedures described in subclause 10.2.1, if the SC UE supports the MSC Server assisted mid-call

feature, the SC UE shall include in the Contact header field of the SIP INVITE request the media feature-tag as
described in annex C.

10.2.2 Partial session transfer

To initiate PS-PS access transfer for a session, the SC UE shall send a SIP INVITE request over the Target Access Leg
in accordance with UE procedures specified in 3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request
asfollows:

1. the Request-URI set to the URI contained in the Contact header field returned at the creation of the dialog over
the Source Access Leg;

2. includein the Contact header field:

A. apublic GRUU or temporary GRUU as specified in 3GPP TS 24.229 [2] if a GRUU was received at
registration; and

B. the mediafeaturetag g.3gpp.ics set to "principal” as specified in annex B of 3GPP TS 24.292 [4] ;
3. the Require header with the option tag 'tdialog' included;

4. the Target-Dialog header populated as specified in IETF RFC 4538 [11], containing the dialog identifier of the
session to be transferred; and

5. the SDP payload set for the media component(s) to be transferred, in accordance with the UE SDP origination
procedures specified in 3GPP TS 24.229 [2]. The SDP shall contain the same number of medialinesin the same
order, each corresponding to one of the media components in the original session, unless media components
need to be added during the session transfer. Each media line shall indicate the same mediatype as its
corresponding media component in the original session and shall contain at least one codec that was negotiated
during the original session.

A. If the SC UE determines to keep the media component on the Source Access Leg, then the medialine for
this media component shall include a port number with value zero; and
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B. If the SC UE determines to add new media component(s) during the transfer, then one additional media
line with the desired mediatype and codecs shall be added for each new media component at the end of
the SDP.

NOTE: If an SC UEisan ICS UE with an ongoing session using CS bearer and Gm reference point for service
control signalling, the SC UE can perform an access transfer of the service control signalling from the
current IP-CAN to anew IP-CAN with the same capabilities (i.e. supporting CS and PS bearers,
simultaneously) while retaining the media component in the CS access network by including the
description of audio/video media over acircuit switched bearer in the SDP of the access transfer request,
so that service continuity of the session is maintained.

Upon receiving SIP 2xx response for the SIP INVITE request sent over the Target Access Leg and sending SIP ACK
request, the SC UE shall send a SIP re-INVITE reguest to the SCC AS over the Source Access Leg to update the
original session. The SC UE shall populate the SIP re-INVITE request as follows:

1. the SDP payload set for all the media component(s) within the original session, in accordance with the UE SDP
origination procedures specified in 3GPP TS 24.229 [2]. The port number for a media component shall be set to
zero if that media component has been transferred to the Target Access Leg or has to be removed.

If the SC UE receives any SIP 4xx — 6xx response to the SIP INVITE request sent over the Target Access Leg, then PS-
PS access transfer has not completed successfully and the call will continue in the Source Access Leg.

10.2.3 Additional procedures for partial session transfer when MSC server
assisted mid-call feature is supported

In addition to the procedures described in subclause 10.2.2, if the SC UE supports the MSC Server assisted mid-call
feature, the SC UE shall include in the Contact header field of the SIP INVITE request the media feature-tag as
described in annex C.

10.3 SCCAS

10.3.1 Distinction of requests sent to the SCC AS

The SCC AS needs to distinguish between the following initial SIP INVITE requests to provide specific functionality
relating to access transfer:

- SIPINVITE requests routed to the SCC AS containing a ST1 belonging to the subscribed user in the Replaces
header or Target-Dialog header. In the procedures below such requests are known as " SIP INVITE reguests due
to STI".

NOTE: The mediastreamsthat need to be transferred are identified using information described in the subsequent
sections.

Other SIP initial requests for a dialog and requests for a Sl P standal one transaction can be dealt with in any manner
conformant with 3GPP TS 24.229 [2].

10.3.2 PSto PS access transfer procedures at the SCC AS
When the SCC ASreceives a SIP INVITE request on the Target Access Leg due to STI, the SCC AS shall:

- associate the SIP INVITE received on the Target Access Leg with an ongoing SIP dialog i.e. identify the
Source Access Leg. The Source Access Leg isidentified by matching the dialog ID present in the Replaces (see
IETF RFC 3891 [10]) or Target Dialog header (see IETF RFC 4538 [11]) of the SIP INVITE with an ongoing
diaog. By an ongoing SIP dialog, it is meant a dialog for which a SIP 2xx response to the initial SIP INVITE
request has been sent or received;

- if the SCC ASisunableto associate the SIP INVITE with a unique ongoing dialog, send a SIP 480
(Temporarily Unavailable) response to reject the SIP INVITE request relating to the access transfer and not
processes the remaining steps,

- if the SIPINVITE request contains a Replaces header:
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a) follow the procedures defined in IETF RFC 3891 [10] for replacing the Source Access Leg with the SIP
request received on the Target Access Leg, including terminating the Source Access Leg by sending a SIP
BY E towards the SC UE in accordance with 3GPP TS 24.229 [8]; and

b) send a SIP re-INVITE request towards the remote UE using the existing established dialog. The SCC AS
shall populate the SIP re-INVITE request as follows:

1) set the Request-URI to the URI contained in the Contact header field returned at the creation of the dialog
with the remote UE; and

2) anew SDP offer, including the media characteristics as received in the SIP INVITE request due to STI
received on the Target Access Leg, by following the rules of 3GPP TS 24.229 [2].

otherwise, if the SIP INVITE request contains a Target Dialog header:

a) if the number of medialinesin the Target Access Leg islessthan the number of medialinesin the Source
Access Leg or the media type for the corresponding medialinesis not the same asin the original session,
send a SIP 4xx response to reject the SIP INVITE request relating to the access transfer and not process the
remaining steps;

b) otherwise, send a SIP re-INVITE request towards the remote UE using the existing established dialog. The
SCC AS shall populate the SIP re-INVITE request as follows:

1) set the Request-URI to the URI contained in the Contact header field returned at the creation of the dialog
with the remote UE; and

2) include anew SDP offer, following the rules specified in 3GPP TS 24.229 [ 2], containing the following
media information:

- the media characteristics as received in the SIP INVITE request due to STI received on the Target
Access Leg for media streams whose port is not set to zero; and

- for the media streamsin the SIP INVITE request due to STI whose port is set to zero, include the
corresponding media characteristics of those streams from the Source Access Leg,

c) for afull mediatransfer, send a SIP BY E towards the SC UE in accordance with 3GPP TS 24.229 [2];
otherwise, for a partial mediatransfer, after receiving the SIP ACK request from the SC UE on the Target
Access Leg, upon receiving an update (e.g. SIP re-INVITE) from the SC UE on the Source Access Leg,
process the update request in accordance with 3GPP TS 24.229 [2].

If, subsequent to initiating the SIP re-INVITE request to the remote UE, and prior to the SIP ACK request being
received on the Target Access Leg, the SCC AS decides (for any reason) to reject the access transfer request (e.g. by
sending a 4xx response), the SCC AS shall release the Target Access Leg, retain the Source Access Leg, and update the
remote leg to match the Source Access Leg.

10.3.3 Additional SCC AS procedures for PS to PS access transfer when

MSC server assisted mid-call feature is supported

. the SCC AS supports the MSC Server assisted mid-call feature according to operator policy;

. the media feature-tag g.3gpp.mid-call as described in annex C isincluded in the Contact header field of the SIP

INVITE request due to STI; and

. the SCC ASisawarethat all MSC Serversin the network where the UE is registered which can beinvolved in

the SRV CC procedures support the MSC Server assisted mid-call feature;

then the SCC AS shall include the media feature-tag g.3gpp.mid-call as described in annex C in the Contact header field
of the SIP 2xx response to the SIP INVITE request due to ST in addition to the procedures described in
subclause 10.3.2.
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11 Roles for PS-PS access transfer in conjunction with
PS-CS access transfer

11.1 Introduction

This clause specifies the procedures for PS-PS access transfer in conjunction with PS-CS access transfer. Procedures are
specified for the SC UE and the SCC AS. For SC UE or SCC AS not supporting ICS procedures, PS-PS access transfer
with aremote end in conjunction with PS-CS access transfer with the same remote end is only possible when the UE is
activein asingle CS session with full-duplex speech with the remote end i.e. support of session transfer with more than
one session containing full-duplex speech component is not provided.

11.2 SCUE

11.2.1 SC UE procedures for PS to PS+CS access transfer

11.2.1.1 General

The SC UE may be engaged in one or more ongoing IM S sessions before performing access transfer. By an ongoing
session, it is meant a session for which the SIP 2xx response for the initial SIP INVITE request to establish this session
has been sent or received.

11.2.1.2 SC UE procedures for PS to PS+CS access transfer using ICS

If IMS service continuity using ICS is enabled then if the SC UE isusing Gm, then for each session to be transferred
and starting with the session with active full-duplex speech component, the SC UE shall send a SIP INVITE request to
the SCC AS as specified for call origination for ICS UE using Gm in 3GPP TS 24.292 [4]. The SC UE shall populate
the SIP INVITE request as specified for PS-PS access transfer with full mediatransfer in subclause 10.2.1. The SC UE
shall indicate in the SIP INVITE request that the speech mediais using CS bearer. When sending the SIP INVITE
request for the sessions with inactive full-duplex speech component and if precondition is used, the SC UE shall
indicate that the related local preconditions for the speech component are met.

If service control over Gm for the CS bearer is retained on the source access leg, the SC UE shall:

- send an SIP INVITE request as specified for partial session transfer in subclause 10.2.2. indicating transfer of
non-speech media to the target access leg; and

- send aSIP re-INVITE request over the source access leg indicating that the speech mediaisto be transferred to a
CS bearer as described in 3GPP TS 24.292 [4] subclause 8.2.2.2. If other media components are retained or
added on the source access leg, then these are included in the SDP offer.

For the session with active full-duplex speech component, upon receiving the PSI DN from the SCC AS, the SC UE
shall follow the procedures for call origination for ICS UE using Gm in 3GPP TS 24.292 [4] to set up the CS bearer.

11.2.1.3 SC UE procedures for PS to PS+CS access transfer not using ICS

If the SC UE is not using ICS capabilities, then access transfer is only possible when the UE is active in asingle session
with full-duplex speech media component. For the non-speech components to be transferred to the PS Target Access
Leg, the SC UE shall send a SIP INVITE request to the SCC AS as specified for PS-PS access transfer with partial
mediatransfer in subclause 10.2.1. For the speech component to be transferred to the CS Target Access leg, the SC UE
shall send to the SCC ASaCS call setup message, e.g., CC_SETUP as specified in 3GPP TS 24.008 [8]. When sending
the CC_SETUP, the SC UE shall populate the CC_SETUP asfollows:

1) the called party BCD number information element set to the STN.

Upon receiving the SIP 2xx response from the SCC AS for the PS Target Access Leg and sending SIP ACK request and
upon receiving CS call setup confirmation message, e.g. CC_CONNECT message, for the CS Target Access Leg, the
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SC UE shall send a SIP BY E request to terminate the Source Access Leg, following the procedures specified in
3GPPTS24.229 [2].

If the SC UE receives any SIP 4xx — 6xx response to the SIP INVITE request for the PS Target Access leg and receives
CS cdll setup failure message for the CS Target Access Leg, then session transfer has not occurred and the call will
continue in the original domains.

If the SC UE receives any SIP 4xx — 6xx response to the SIP INVITE request for the PS Target Access Leg and
receives CS call setup confirmation message for the CS Target Access Leg, then the session transfer is only successful
for part of the media components. The SC UE shall update the Source Access leg by following the procedures specified
for PS-PS access transfer with partial mediatransfer in subclause 10.2.2 to indicate that all media components other
than the speech component are still maintained on the Source Access L eg.

If the SC UE receives CS call setup failure message for the CS Target Access Leg but receives a SIP 2xx response for
the PS Target Access Leg, then the session transfer is only successful for part of the media components. Upon sending
SIP ACK request, the SC UE shall update the Source Access leg by following the procedures specified for PS-PS
access transfer with partial media transfer in subclause 10.2.2 to indicate that the speech component is still maintained
on the Source Access Leg.

11.2.2 SC UE procedures for PS+CS to PS access transfer

11.2.2.1 General

The SC UE may be engaged in one or more ongoing sessions before performing access transfer. By an ongoing session,
itis meant a CS call for which the CC CONNECT message has been sent or received or acall for which the SIP 2xx
response for the initial SIP INVITE request to establish this session has been sent or received.

If not already registered over the PS Target Access Leg, the SC UE shall follow the procedures specified in
subclause 6.2 to perform IM CN subsystem registration over the Target Access Leg before performing PS/CSto PS
access transfer.

11.2.2.2 SC UE procedures for PS+CS to PS access transfer using ICS

If IMS service continuity using ICS is enabled then if the original sessions are established using |CS capabilities, then
for each session to be transferred and starting with the session with active full-duplex speech media component, the SC
UE shall send a SIP INVITE reguest to the SCC AS in accordance with the UE procedures specified in

3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request as specified for PS-PS access transfer with full
media transfer in subclause 10.2.1. The SC UE shall indicate in the SIP INVITE request that the speech media
component isusing PS media.

Upon receiving SIP BY E request for the Source Access Leg, the SC UE shall follow the ICS using Gm procedures
specified in 3GPP TS 24.292 [4] to release the session. The SC UE also releases the associated CS bearer if no other
sessions depend on the CS bearer.

11.2.2.3 SC UE procedures for PS+CS to PS access transfer not using ICS

If the original sessions are not established using ICS capabilities, then access transfer is only possible when the SC UE
has a single session with active full-duplex speech media component. The SC UE shall send a SIP INVITE request to
the SCC AS in accordance with the UE procedures specified in 3GPP TS 24.229 [2].

The SC UE shall populate the SIP INVITE request as follows:
- the Request-URI set to static ST,
- the Require header field including "replaces" option tag;

- the Replaces header field populated as specified in IETF RFC 3891 [10], containing the dialog identifier of the
session to be transferred on the PS Source Access Leg; and

- the SDP payload set for the media component(s) to be transferred, in accordance the UE SDP origination
procedures specified in 3GPP TS 24.229 [2]. The SDP shall contain media components in the following order:
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1) The same number of medialines, each corresponding to one of the media components in the session on the
PS Source Access Leg; Each medialine shall indicate the same mediatype asits corresponding media
component in the original session and shall contain at least one codec that was negotiated during the original
session. If the SC UE determines to remove a media component during the transfer, then the medialine for
this media component shall include a port number with value zero;

2) One speech media component to be transferred, corresponding to the speech media component in the session
on the CS Source Access Leg; and

3) If the SC UE determines to add new media component(s) during the transfer, then one additional medialine
with the desired media type and codecs shall be added for each new media component.

If the SC UE receives any SIP 4xx — 6xx response to the SIP INVITE request, then session transfer has not occurred
and the call will continue in the original domains.

11.3 SCCAS

11.3.1 Distinction of requests sent to the SCC AS

The SCC AS needs to distinguish between the following initial SIP INVITE requests to provide specific functionality
relating to access transfer:

- SIPINVITE requests routed to the SCC AS containing a ST1 belonging to the subscribed user in the Replaces
header field or Target-Dialog header field. In the procedures below, such requests are known as"SIP INVITE
requests due to STI".

- SIPINVITE requests routed to the SCC AS containing either astatic STN or an IMRN in the Request-URI. In
the procedures below, such requests are known as " SIP INVITE requests due to static STN".

- SIPINVITE requests routed to the SCC AS containing a static ST in the Request-URI and a STI in the
Replaces or Target-Dia og header field. In the procedures below, such requests are known as"SIP INVITE
requests due to two STIs'.

NOTE: The media streams that need to be transferred are identified using information described in the subsequent
subclauses 11.3.2 and 11.3.3.

Other SIP initial requests for a dialog and requests for a SI P standal one transaction can be dealt with in any manner
conformant with 3GPP TS 24.229 [2].

11.3.2 SCC AS procedures for PS to PS+CS access transfer

When the SCC ASreceivesa SIP INVITE request dueto STI on the Target Access Leg, the SCC AS shall follow the
PS-PS Access Transfer procedures specified in subclause 10.3.2. If the SIP INVITE reguest includes an active speech
media component using CS bearer, then the SCC AS shall follow the procedures for SCC AS for service control over
Gmin 3GPP TS 24.292 [4] to send the PSI DN to the SC UE and wait for the SC UE to set up CS bearer before sending
re-INVITE to the remote end. If service control over Gmis retained on the source access leg, and the SCC AS receives
are-INVITE request indicating CS bearer on an existing session, the SCC AS shall follow procedures as described in
3GPP TS 24.292 [4] subclause 8.4.2.

When the SCC AS receivesa SIP INVITE request due to static STN on the Target Access Leg, the SCC AS shall
follow the PS-CS Access Transfer procedures specified in subclause 9.3.2. However, as the Source Access Leg contains
media components other than speech component, the SCC AS does not initiate release for Source Access Leg.

11.3.3 SCC AS procedures for PS+CS to PS access transfer

When the SCC ASreceivesa SIP INVITE request dueto STI on the Target Access Leg, the SCC AS shall follow the
PS-PS access transfer procedures specified in subclause 10.3.2.

When the SCC ASreceives a SIP INVITE request due to two STIs on the Target Access Leg, the SCC AS shall:

- associate the SIP INVITE request received on the Target Access Leg with two ongoing sessions:
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a) anongoing SIP dialog on the PS Source Access Leg: Thisis done by matching the dialog ID present in the
Replaces header field (see IETF RFC 3891 [10]) or Target-Diaog header field (see IETF RFC 4538 [11]) of
the SIP INVITE request with an ongoing dialog. By an ongoing SIP dialog, it is meant adialog for which a
SIP 2xx response to theinitial SIP INVITE request has been sent or received;

b) adifferent ongoing SIP dialog with active full-duplex speech component:

- if the SCC ASisunableto associate the SIP INVITE request with either one of the above two dialogs, send a
SIP 480 (Temporarily Unavail able) response to reject the SIP INVITE request relating to the access transfer and
not process the remaining steps; and

- if the session transfer is possible:

a) follow the procedures defined in IETF RFC 3891 [10] for replacing the two sessions on the Source Access
Legs with the SIP request received on the Target Access Leg, including terminating the two Source Access
Legs by sending a SIP BY E request on each session towards the SC UE in accordance with
3GPP TS 24.229 [2]; and

b) send a SIP re-INVITE request towards the remote UE using the existing established dialog. The SCC AS
shall populate the SIP re-INVITE request as follows:

1) set the Request-URI to the URI contained in the Contact header field returned at the creation of the dialog
with the remote UE; and

2) anew SDP offer, including the media characteristics as received in the SIP INVITE request due to two
STlsreceived on the Target Access Leg, by following the rules of 3GPP TS 24.229 [2].

12 Roles for PS-CS access transfer, Single Radio

12.1 Introduction

This clause specifies the procedures for PS-CS access transfer in Single Radio VCC. Procedures are specified for the
SC UE and the SCC AS. For SC UE or SCC AS not supporting ICS procedures, PS-CS access transfer in SR-VCC is
only possible when IM S service continuity is enabled, the UE is active in asingle session with full-duplex speechi.e.
support of session transfer with more than one session containing full-duplex speech component is not provided.

12.2  SC UE procedures for PS to CS access transfer, SR-VCC

12.2.1 General
The SC UE may be engaged in one or more ongoing IM S sessions before SR-V CC access transfer is performed. By an

ongoing session, it is meant a session for which the SIP 2xx response for the initial SIP INVITE request to establish this
session has been sent or received.

12.2.2 ICS-based
If:

- IMSservice continuity using ICSis enabled;

the Gm reference point is retained upon PS handover procedure;

the SC UE isusing ICS capabilities; and
- SR-VCC procedures (as described in 3GPP TS 24.008 [8]) have been completed;
the SC UE, in order to add Gm control for the newly established CS session, shall:
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- send aSIP re-INVITE request for each speech session to be transferred, starting with the session with active full-
duplex speech component that was most recently made active; and

- within the SDP offer indicate the medialine for all active and held audio streams as an audio stream over circuit
switched bearer in accordance with 3GPP TS 24.292 [4]. If the precondition mechanism is used, the SC UE shall
indicate the related local preconditions as met.

NOTE: Within SR-VCC the handover is performed on PS level. Due to this, the SIP dialog established over the
source PS access network stays the same after SR-V CC procedures, e.g. the | P address of the UE, the
Call-1D, the P-CSCF do not change. Therefore in this case are-INVITE needs to be sent to add ICS-
control for the CS bearer.

12.2.3 Not based on ICS

After successful SR-VCC procedures (as described in 3GPP TS 24.008 [8]), if the SC UE is not using ICS capabilities
and the SC UE does not apply the MSC Server assisted mid-call feature as specified in subclause 12.2.3A, the SC UE
shall replace the most recently active PS audio session with the newly established CS voice call.

NOTE: Inthe case when ICSis not supported or used and the SC UE does not apply the M SC Server assisted
mid-call feature, only the most recently active audio call istransferred from PS to CS audio.

- the Gm reference point is retained upon PS handover;
- the SC UE isnot using ICS capabilities; and
- SR-VCC procedures (as described in 3GPP TS 24.008 [8]) have been completed;
the SC UE shall:
- send aSIP re-INVITE request to the SCC AS as specified for mediaremoval in subclause 13.2.1; and

- indicatein the SDP offer the full-duplex speech media as removed.

12.2.3A Not based on ICS with MSC Server assisted mid-call feature
After successful SR-VCC procedures (as described in 3GPP TS 24.008 [8]), if:

1. the SC UEisnot using ICS capabilities;

2. the SC UE supports the MSC Server assisted mid-call feature; and

3. thereisat least one active PS audio session and the Contact header field received by the SC UE at the
establishment of the active PS audio session, which has been most recently made active, includes the media
feature-tag g.3gpp.mid-call as described in annex C.

Editor's note: When there is no active PS audio session and the inactive PS audio sessions exist, whether the
inactive PS audio sessions need to be transferred is FFS.

then the SC UE shall apply the MSC Server assisted mid-call feature as follows:

1. if two or more active PS audio sessions exist, the SC UE shall replace the PS audio components of the two most
recently active PS audio sessions with the newly established active and held CS voice calls,

2. if one active PS audio session exists and one or more inactive PS audio sessions exist, the SC UE shall replace
the PS audio components of the active PS audio session and of the most recently inactive PS audio session with
the newly established active and held CS voice calls;

3. if one active PS audio session exists and no inactive PS audio sessions exist, the SC UE shall replace the PS
audio component of the active PS audio session with the newly established active CS voice call;

Editor"s Note: It is FFS how to ensure that the UE and M SC Server would use the same transaction identifiers for
the conferencing sessions.
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For each session, the SC UE shall proceed as specified in subclause 12.2.3.

The SC UE shall associate the additional transferred session with CS call with transaction identifier 1 and Tl flag value
asin mobile terminated call.

NOTE: The active session transaction identifier value is described in 3GPP TS 24.008 [8]

12.3 SCCAS

12.3.1 SCC AS procedures for PS to CS access transfer, SR-VCC

The SCC AS needs to distinguish between the following SIP INVITE requests to provide specific functionality for SR-
VCC:

- SIPINVITE request routed to the SCC AS due to a STN-SR belonging to the subscribed user in the Request-
URI. These SIP INVITE requests originate from the M SC server. In the procedures below, such requests are
known as"SIP INVITE requests due to STN-SR".

- SIPre-lINVITE request routed to the SCC AS containing one or more already existing media lines for audio
indicate a CS bearer. In the procedures below, such requests are known as " SIP re-INVITE requests adding ICS
control".

- SIPresINVITE request routed to the SCC AS containing one or more already existing media lines for audio
indicate the port set to "0". In the procedures below, such requests are known as"SIP re-INVITE requests for
non-1CS control”.

When the SCC AS receivesa SIP INVITE request due to STN-SR on the Target Access Leg, and the SCC AS does not
apply MSC Server assisted mid-call feature as described in subclause 12.3.2, the SCC AS shall follow the PS-CS access
transfer procedures specified in subclause 9.3.2 for the session with active full-duplex speech component that was most
recently made active. However, the SCC AS does not initiate release for Source Access Leg unless after some specific
time defined by the operator policy.

If the SCC AS has sent a SIP 480 (Temporarily Unavailable) response to reject a SIP INVITE request due to STN-SR
on the Target Access Leg:

1) if the speech mediaflow to be transferred was the only media flow in the SIP dialog, the SCC AS shall release
the remote leg as specified in 3GPP TS 24.229 [2]; or

2) if the SIP dialog contains other media flows than the active speech flow, the SCC AS shall modify the remote leg
and remove the speech media flow, as specified in 3GPP TS 24.229 [2].

When the SCC AS receivesa SIP re-INVITE request for adding ICS control, the SCC AS shall follow the procedures as
described for ICS using Gm in subclause 13.3.2.

NOTE: When using the ICS controlled CS bearer, only one audio call can be active at atime. Nevertheless,
several calls can be held in parallel. If the user decides to switch to another (previously held) call, the ICS
controlled CS bearer isre-used for this call. Therefore no specific procedures for handling of held callsin
the case of ICS controlled CS bearer are needed.

When the SCC ASreceivesa SIP re-INVITE for non-ICS control, the SCC AS shall follow the mediaremoval
procedures as specified in subclause 13.3.1.

Unless the MSC Server assisted mid-call feature applies, as only the most recent active audio call istransferred from PS
to CSaudio, the SCC AS al drop al other previously existing audio session from this UE and indicate them
accordingly in the SDP Offer sent within SIP re-INVITE requests towards the remote UE.

12.3.2 SCC AS procedures for PS to CS access transfer with MSC server
assisted mid-call feature, SR-VCC
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1. the SC UE included the ICS feature tag as specified in the 3GPP TS 24.292 [4] in the Contact header during
establishment of the session associated with the SIP INVITE request due to static STN, the SCC AS local policy
requires delaying application of the MSC Server assisted mid-call feature for atime given by local policy and the
inactive session transfer request has not been received within atime given by local policy after the reception of
the SIP INVITE request due to static STN;

2. the SC UE included the ICS feature tag as specified in the 3GPP TS 24.292 [4] in the Contact header during
establishment of the session associated with the SIP INVITE request due to static STN and the SCC AS local
policy does not require delaying application of the M SC Server assisted mid-call feature for atime given by
local policy; or

3. the SC UE did not include the ICS feature tag as specified in the 3GPP TS 24.292 [4] in the Contact header
during establishment of the session associated with the SIP INVITE reguest due to static STN;

then SCC AS shall apply the MSC Server assisted mid-call feature as described in subclause 9.3.2A with the following
differences:

1. the SCC AS shall release all the superfluous audio sessions; and

2. the SCC ASdoes not initiate release for Source Access Leg of the associated SIP dialogs but remove speech
media flow for these dialogs.

Removing speech media flow for SIP dialogs, the SCC AS shall:

- if the speech media flow was the only media flow in the SIP dialogs, the SCC AS shall release the source access
leg as specified in 3GPP TS 24.229 [2]; or

- if the SIP dialogs contains other media flows than the speech flow, the SCC AS shall modify the source access
leg and remove the speech media flow, as specified in 3GPP TS 24.229 [2].

12.4 MSC server enhanced for ICS

If the MSC server supports MSC Server assisted mid-call services feature, the MSC server shall be an MSC server
enhanced for | CS as specified in 3GPP TS 29.292 [18] and 3GPP TS 24.292 [4] with following modifications:

- associate the SIP INVITE request for an additional inactive session with CS call with transaction identifier 1 and
Tl flag value as in mobile terminated call; and

NOTE: The active session transaction identifier value is described in 3GPP TS 24.008 [8]

- apply procedures as described in subclause 9.4.

12.5 EATF

12.5.1 EATF procedures for PS to CS session continuity, E-SR-VCC

The EATF needs to distinguish between the following SIP INVITE requests to provide specific functionality for E-SR-
VCC:

1. SIPINVITE request routed to the EATF due to E-STN-SR in the Request-URI. In the procedures below, such
reguests are known as " SIP INVITE requests due to E-STN-SR".

NOTE: ThesameE-STN-SR isused for al the emergency session access transfers within one PLMN.
When the EATF receives a SIP INVITE request due to E-STN-SR on the Target Access Leg, the EATF shall:

1. associatethe SIP INVITE request due to E-STN-SR with a source accessleg, i.e. an existing SIP session
anchored at the EATF with the instance-id feature tag provided by the SC UE in the Contact header field at
session establishment equal to the instance-id feature tag included in the Contact header field of the received SIP
INVITE request. If no source access leg exists or if multiple source access legs exist, then the EATF shall send a
SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request due to E-STN-SR; and
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2. originate session modification as described for routeing B2BUA in 3GPP TS 24.229 [ 2] towards the remote UE
with anew SDP offer with media characteristics as received in the SIP INVITE regquest due to E-STN-SR.

Upon receiving the SIP ACK request from the Target Access Leg, the EATF shall rel ease the source access leg as
described for routeing B2BUA in 3GPP TS 24.229 [2].

Editor's note: it is FFS whether EATF needsto fulfill al the functionality of the routeing B2BUA or whether a new
role needs to be defined for EATF in 24.229

13 Roles for media adding/deleting for access transfer

13.1 Introduction

This clause specifies the procedures for adding or deleting media to an existing multimedia session. Procedures are
specified for the SC UE and the SCC AS.

13.2 SCUE

13.2.1 Adding or removing media through Gm

If the SC UE wants to add or remove media components to a session that was previoudy established using Gm
reference point, the SC UE shall follow the procedures defined in 3GPP TS 24.229 [2] for adding/removing PS media.

If the SC UE wants to transfer media components from the source access leg to an existing target access leg (i.e the
access legs were previoudy established due to the partia session transfer) using Gm reference point, the SC UE shall:

1. add the media components to the target access leg; and
2. remove those media components from the source access leg,
by using procedures defined in 3GPP TS 24.229 [2] for adding/removing PS media.

If IMS service continuity using ICS is enabled then if the SC UE wants to add or remove CS media componentsto a
session, it shall follow the procedures defined in 3GPP TS 24.292 [4].

If the SC UE receives a SIP re-INVITE request or a SIP UPDATE request from the remote end to add or remove media
components to a session that was previously established using Gm, the SC UE shall follow the procedures defined in
3GPP TS 24.229 [2] for adding or removing PS media and shall follow the procedures defined in 3GPP TS 24.292 [4]
for adding or removing CS mediato the session.

13.2.2 Adding Gm control to existing CS session

The SC UE shall add Gm control to an existing CS session only when there is a single full-duplex speech session over
CS. If there is more than one full-duplex speech session, the SC UE shall release all the ongoing sessions that are not
currently active before attempting the procedures described in this section.

If the SC UE wants to add Gm control to an existing CS session that was established without Gm, after registering with
the IM CN subsystem, the SC UE shall send an initial SIP INVITE request over the PS access in accordance with
3GPP TS 24.229 [2]. The SC UE shall populate the SIP INVITE request as follows:

- set the Request-URI to the static STI; and

- set the SDP payload, in accordance with the procedures defined in 3GPP TS 24.292 [4], proposing an audio
stream over acircuit switched bearer. The SC UE can optionally include additional PS mediato the SDPin
accordance to the procedures defined in 3GPP TS 24.229 [2].

Upon receiving a SIP 200 (OK) response, the SC UE shall treat the ongoing CS call as established using Gm and shall
follow the "ICS UE using Gm" procedures defined in 3GPP TS 24.292 [4] for controlling the CS call.
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If the SC UE receives anew SIP INVITE request containing an audio stream over a circuit-switched bearer in the SDP
and the PSI DN matches the B-party number of the ongoing CS call that was established without Gm, the SC UE shall:

- respond to the SIP INVITE request in accordance with the procedures defined in 3GPP TS 24.292 [4]; and

- treat the ongoing CS call as established using Gm and shall follow the "ICS UE using Gm" procedures defined in
3GPP TS 24.292 [4] for controlling the CS call.

13.3 SCCAS

13.3.1 Adding or removing media through Gm

If the SCC ASreceivesa SIP re-INVITE reguest or a SIP UPDATE request from the SC UE, in which already existing
media components of the session are transferred from a source access leg to an already existing target accessleg (i.e.
the target access leg was aready established due to partial session transfer), the SCC AS shall update the remote end
using the session transfer procedures defined in subclause 10.3.2.

NOTE: The SC UE indicates that mediais switched from the source access leg to the target access leg by using the
procedures defined in 3GPP TS 24.229 [2] for adding / removing PS media, i.e. the related connection and port
information of the transferred media component within the SDP is changed from the source access leg to the target
access leg.

If the SCC ASreceivesa SIP re-INVITE regquest or a SIP UPDATE request from the SC UE or remote end to
add/remove new media components, to an existing access leg of the session established using Gm, the SCC AS shall
follow the procedures defined in 3GPP TS 24.229 [2] for adding or removing PS media and shall follow the procedures
defined in 3GPP TS 24.292 [4] for adding or removing CS media to the session.

13.3.2 Adding Gm control to existing CS session

If the SCC ASreceivesa SIP INVITE request containing the static ST in the Request-URI the SCC AS shall determine
if this SIPINVITE request isfor an ongoing call by determining if the received contents of SIP INVITE reguest's
Contact header field is bound to an ongoing CS call session identifier. If the SC UE has an ongoing CS call, the SCC
ASshall:

- respond to the SIP INVITE request in accordance with the procedures defined in 3GPP TS 24.292 [4];

- treat the ongoing CS call as established using Gm and shall follow the "SCC AS for service control over Gm"
procedures defined in 3GPP TS 24.292 [4] for controlling the CS call; and

- if the SIPINVITE request contains additional PS media, the SCC AS shall send a SIP re-INVITE request
towards the remote end, including the newly added PS media, in accordance with the procedures defined in
3GPPTS24.229[2].

The SCC AS shall add Gm control to an existing CS session only when there is a single full-duplex speech session over
CS. If the SCC AS wants to add Gm control to an existing CS session that was established without Gm, the SCC AS
shall send anew SIP INVITE request over the PS access in accordance with 3GPP TS 24.229 [2]. The SCC AS shall
populate the SIP INVITE request as follows:

- set the Request-URI to the public user identity of the UE; and

- set the SDP payload, in accordance with the procedures defined in 3GPP TS 24.292 [4], proposing an audio
stream over acircuit switched bearer.

Upon receiving a SIP 200 (OK) response, the SCC AS shall treat the ongoing CS call as established using Gm and shall
follow the "SCC AS for service control over Gm" procedures defined in 3GPP TS 24.292 [4] for controlling the CS
call.
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14 Roles for UE discovery for inter-UE transfer

14.1 Introduction

This clause specifies the target UE discovery procedures for UEs that are candidate UEs for inter UE transfer. Thelist
of candidate UEsis a contact list such as name of the UE, which is represented in SIP through the use of SIP contact or
the instance-id. The subscription of candidate UEs may be configured such that the private user identities associated
with the UEs involved in inter UE transfer share the same set of implicitly registered public user identities.

14.2 SCUE

The target UE discovery procedures include the registration status (active, inactive), and the UE capabilities (e.g.
support of audio/video formats etc.).

In order to determine alist of UEs sharing the same set of implicitly registered public user identities and their capability
information, the SC UE subscribes to the reg-event package as described in 3GPP TS 24.229 [2] in subclause 5.1.1.3.

NOTE 1: Inorder to allow inter UE transfer to UES belonging to the same subscription but belonging to a different
set of implicitly registered public user identities, a user can have a static list of UEs that is manually
administered by the user and stored locally in the user's device (e.g. phone book). Having a static list isan
implementation in the UE and has no impact on the standards.

NOTE 2: If the UE is not part of the same set of implicitly registered public user identities as the SC UE, or if the
SC UE was unable to obtain the capability information of the UE through the use of reg-event package,
the SC UE can send a SIP OPTIONS request to the UE to attempt to retrieve capability information. In
order to avoid alot of transactions, a SIP OPTIONS request is generated based on an action initiated by
the user (e.g. after the user has finished adding a new UE in the static list, or the user explicitly asks for
getting UE capability information).

143 SCCAS

The information of UESs that belong to the same subscription is required at the SCC AS for the purpose of authorizing
that the requested inter UE transfer to the UE is allowed, i.e. to prevent the SC UE from performing Inter UE Transfer
to a UE under a different subscription.

The SCC AS obtains all the public user identities associated with the user's subscription from the Sh interface as
specified in 3GPP TS 29.328 [6] and 3GPP TS 29.329 [7].

NOTE 1. Getting the public user identities over the Sh interface allows the SCC AS to receive information of UEs
sharing the same set of implicitly registered public user identities and information of UEs within the same
subscription that are not in the same set of implicitly registered public user identities. Thisis needed to
authorize the static list of UEs that is manually administered by the user and stored locally in the user's
device.

The SCC AS can obtain the registration information (e.g. GRUU) by the following methods:
1. using the 3rd party REGISTER request as described in 3GPP TS 24.229 [2] in subclause 5.4.1.7; or
2. the SCC AS subscribes to the reg-event package as described in 3GPP TS 24.229 [2] in subclause 5.4.2.1.1.

NOTE 2: The SCC AS needs to know the public user identity for the authorization of the SIP REFER request for
inter UE transfer. To get the public user identity from the public GRUU, the SCC AS can simply remove
the "gr" parameter from the public GRUU. Using the 3rd-party registration or subscribing to the reg-event
package allows the SCC ASto find the temporary GRUU of the UE and to correlate the GRUU with the
public user identities. After correlation, the SCC AS would make a list of GRUUSs that are associated with
the same subscription and/or with the same set of implicitly registered public user identities.
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15 Roles for inter-UE transfer without establishment of
collaborative session

15.1 Introduction

This clause specifies the procedures for transferring all media of an existing session from one UE to another UE of the
same user. Procedures are specified for the transferor SC UE, the transferee SC UE and the SCC AS.

Editor's note: the solution needs to ensure that the requests are routed viathe SCC AS

15.2 SCUE

15.2.1 Transferor SC UE in services defining only originating session set
up in UE

In order to transfer all media of an existing session from this UE to another UE of the same user, the SC UE shall send a
SIP REFER request as specified in IETF RFC 3515 [13] and in accordance with UE procedures specified in
3GPP TS 24.229 [2]. The SC UE shall populate the SIP REFER request as follows:

1. the Request-URI set to the GRUU of the UE where the session is to be transferred to;

2. the Refer-To header field set to the URI contained in the Contact header field returned at the creation of the
dialog and extended with the following URI header fields:

A. if usage of SIP Replaces extension is selected:

a. the Replaces header field populated as specified in IETF RFC 3891 [10], containing the dialog identifier
of the Access Leg between this UE and the SCC AS; and

b. the Require header field populated with the option tag value "replaces’;
B. if usage of SIP Target-Dialog extension is selected:

a. the Target-Dialog header field populated as specified in IETF RFC 4538 [11], containing the dialog
identifier of the Access Leg between this UE and the SCC AS; and

b. the Require header field populated with the option tag value "tdialog"; and

C. if the session is established using an IM'S communication service that requires the use of an IMS
communication service identifier:

a. Accept-Contact header field with the g.3gpp.icsi-ref media feature tag containing the IMS communication
service identifier of the existing session; and

b. P-Preferred-Service header field set to the IMS communication service identifier of the existing session.
3. include in the Contact header field:
A. apublic GRUU or temporary GRUU as specified in 3GPP TS 24.229 [2].

If the SC UE receives any SIP 4xx — 6xx response to the SIP REFER request or if the SC UE receivesa SIP NOTIFY
request containing a message/sipfrag body with SIP 4xx — 6xx response, then the inter UE transfer has not completed
successfully.

15.2.2 Transferee SC UE in services defining only originating session set
up in UE

Upon receiving a SIP REFER request with P-Asserted-ldentity containing the URI of the served user, the SC UE shall
send a SIP INVITE request in accordance with UE procedures specified in 3GPP TS 24.229 [2] and
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IETF RFC 3515 [13]. The SC UE shall populate the SIP INVITE request with header fields which were included as
URI header fieldsin the URI in the Refer-To header field of the received SIP REFER request.

153 SCCAS

15.3.1 Distinction of requests sent to the SCC AS

The SCC AS needs to distinguish between the following SIP requests to provide specific functionality relating to inter
UE transfer:

1. SIPINVITE reguest routed to the SCC AS upon originating filter criteria containing a STI belonging to the
subscribed user in:

A. the Target-Diaog header field; or
B. inthe Replaces header field

with at least one offered media used in session by a UE other than the UE identified by the Contact header field
value. In the procedures below, such request is known as"SIP INVITE request due to inter UE transfer”.

2. SIP REFER request routed to the SCC AS due to the originating filter criteria where

A. the GRUU in the Contact header field identifies a UE of the user identified in P-Asserted-1dentity header
field;

B. the GRUU in the Contact header field identifies a UE of the same user as the GRUU in the Request-URI;
and,

C. thedialog identifier in:
a. the Replaces URI header field of the URI in the Refer-To header field; or
b. the Target-Dialog URI header field of the URI in the Refer-To header field
belongs to a session of the UE identified by the GRUU in the Contact header field.
In the procedures below, such request is known as " SIP REFER request due to inter UE transfer".
Other SIP initial requests for a dialog and requests for a SIP standal one transaction can be dealt with in any manner
conformant with 3GPP TS 24.229 [2].

15.3.2 Inter UE transfer request authorization in services defining only
originating session set up in UE

Upon receiving a SIP REFER requests due to inter UE transfer, the SCC AS shall:
1. reject the SIP request with a SIP 403 (Forbidden) response and do not process the remaining steps if

A. media of the session one leg of which isidentified by the dialog identifier in
a. the Replaces URI header field of the URI in the Refer-To header field; or
b. the Target-Dialog URI header field of the URI in the Refer-To header field;
are delivered to two or more UEs of the user; or

B. at least one media of the session identified by the dialog identifier in
a the Replaces URI header field of the URI in the Refer-To header field; or
b. the Target-Dialog URI header field of the URI in the Refer-To header field
is delivered to a UE other than the UE identified by the GRUU in the Contact header field;
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2. insert a Record-Route header field with SCC AS own address; and
3. forward the SIP REFER request in any manner conformant with 3GPP TS 24.229 [2].

The SCC AS shall forward the SIP response to the SIP REFER request, the SIP NOTIFY request, and the SIP response
to the NOTIFY request in any manner conformant with 3GPP TS 24.229 [2].

15.3.3 SCC AS procedures for inter UE transfer in services defining only
originating session set up in UE

Upon receiving a SIP INVITE request due to inter UE transfer, the SCC AS shall:
1. reject the SIP request with a SIP 403 (Forbidden) response and do not process the remaining steps if
A. the SCC ASisnot aware of a subscription created by a SIP REFER request with the dialog identifiers

a inthe Replaces header field of the received SIP INVITE and in the Replaces URI header field of the URI
in the Refer-To header field of the SIP REFER request are equal; or

b. inthe Target-Dialog header field of the received SIP INVITE and in the Target-Dialog URI header field
of the URI in the Refer-To header field of the SIP REFER request are equal;

2. associate the received SIP INVITE request with an ongoing SIP dialog by matching the dialog identifier in the
Replaces header field or the Target-Dialog header field. By an ongoing SIP dialog, it is meant adialog for which
a SIP 2xx response to the initial SIP INVITE request has been sent or received;

3. if dialogidentifier is not included in either in the Replaces header field or in the Target-Diaog header field or if
the included dialog identifier does not identify an existing ongoing dialog, send a SIP 480 (Temporarily
Unavailable) response to reject the SIP INVITE request and not processes the remaining steps,

4. identify the Source Access Leg by the dialog identifier present in the Replaces or the Target-Dialog header field
of the SIP INVITE request;

5. if amedia used in the Source Access Leg session is not offered in the SDP offer of the SIP INVITE request then
reject the SIP request with a SIP 403 (Forbidden) response and do not process the remaining steps,

6. if the SIP INVITE request contains a Replaces header field:

A. follow the procedures defined in IETF RFC 3891 [10] for replacing the Source Access Leg with the SIP
request received on the Target Access Leg, including terminating the Source Access Leg by sending a SIP
BY E towards the SC UE in accordance with 3GPP TS 24.229 [2]; and

7. send aSIP re-INVITE request towards the remote UE using the existing established dialog. The SCC AS shall
populate the SIP re-INVITE request as follows:

A. include anew SDP offer including the media characteristics as received in the SIP INVITE request, by
following the rules of the 3GPP TS 24.229 [2].

Upon receiving the SIP ACK request originated from the SC UE, the SCC AS shall initiate release of the Source Access
Leg by sending a SIP BY E towards the SC UE in accordance with 3GPP TS 24.229 [2].

16 Roles for collaborative session establishment for
inter-UE transfer

16.1 Introduction

This clause specifies the roles of controller UE, controllee UE and the SCC AS when controller UE transfers mediato a
controllee UE or adds a new mediato the controllee UE.
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16.2 SC UE

16.2.1 SC UE procedures for collaborative session establishment by
transferring media used in an existing session

16.2.1.1 Controller UE procedures

To establish a collaborative session by transferring the media component, the controller UE shall send a SIP REFER
request outside the existing dialog as specified in RFC 3515 [13] and include:

1) the Request-URI set to the SIP URI of the SCC AS
2) the Refer-To header field set asfollows:
a) the SIP URI of the controllee UE;

NOTE: The SIP URI of the controllee UE needs to be a GRUU if the controllee UE and any other UES share the
same public user identity.

b) the body parameter containing SDP for the media (m=) linesin the session set as follows:
- medialinesthat are not being transferred with the port number set to zero

- medialing(s) that are to be transferred containing the port number for the corresponding media received
in the medialine of the SDP received during the last successful SDPoffer answer exchange;

3) the Accept header field containing the MIME type "message/sipfrag”; and
4) the Target-Dialog header field containing the dialog parameters for the dialog of the existing session.

The controller UE shall handle response to the SIP REFER request and the subsequent SIP NOTIFY requests according
t0 3GPP TS 24.229 [2] and RFC 3515 [13]. The controller UE shall save the mediainformation (e.g. medialine(s) and
port number(s)) related to the transferred media(s) received in the sipfrag body of the SIP NOTIFY requestsin order to
perform further inter-UE transfer operations on the controllee UE. When the controller UE receivesa SIP re-INVITE
request from the SCC AS to update the status of the transferred media component after a sucusseful transfer, the
controller UE shall follow the procedures described in 3GPP TS 24.229 [2].

If an error response is received for the SIP REFER request or the subsequent SIP NOTIFY requests include a non-2xx
final response, the controller UE shall consider the transfer operation failed and continue the existing session.

16.2.1.2 Controllee UE procedures
There are no specific procedures for the controllee UE for the collaborative session establishment by transferring media,
besides the procedures described in 3GPP TS 24.229 [2].

16.2.2 SC UE procedures for collaborative session establishment with new
media

16.2.2.1 Controller UE procedures

The controller UE may establish a collaborative session with a new media at anytime while it has an ongoing IMS
established session according to 3GPP TS 24.229 [2] with aremote UE.

The controller UE shall add the new media by sending a SIP REFER request outside the existing dialog as specified in
RFC 3515 [13] and include:

1) the Request-URI set to the SIP URI of the SCC AS;
2) the Refer-To header field set asfollows:

a) the SIP URI of the controllee UE;
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NOTE 1: The SIP URI of the controllee UE needsto be a GRUU if the controllee UE and other UES share the same
public user identity.
b) the body parameter containing SDP for the media (m=) linesin the session shall be set as follows:
- medialinesthat are not being transferred with the port number set to zero

- medialinesthat are to be added containing the discard port number "9" for the medialine(s) to be
transfered

NOTE 2: The discard port number "9" indicates that this port number should be ignored.
3) the Accept header field containing the MIME type "message/sipfrag”;and
4) the Target-Dialog header field containing the dialog parameters for the dialog of the existing session

The controller UE shall handle response to the SIP REFER request and the subsequent SIP NOTIFY requests according
t0 3GPP TS 24.229 [2] and RFC 3515 [13]. The controller UE shall save the mediainformation (e.g. medialine(s) and
port number(s)) received in the sipfrag body of the SIP NOTIFY requestsin order to perform further inter-UE transfer
operations on the controllee UE.

If error response is received for the SIP REFER request or the subsequent SIP NOTIFY reguests include a non-2xx final
response, the controller UE shall consider the transfer operation failed and continue the existing session.

16.2.2.2 Controllee UE procedures

There are no specific procedures for the controllee UE for the collaborative session establishment by adding media,
besides the procedures described in 3GPP TS 24.229 [2].

16.3 SCC AS

16.3.1 Distinction of requests sent to the SCC AS

The SCC AS needs to distinguish between the following initial SIP REFER requests to provide specific functionality
relating to call origination:

1) SIP REFER requests routed to the SCC AS containing:
a) the SCC AS addressin the request URI; and
b) the Refer-To header filed including:

- theaddress of a UE which is neither the UE which sent the SIP REFER request, nor the remote UE, but
which iswithin the list of UEs which can be involved within an collaborative session with the UE which
originated the SIP REFER request;

- zero or more media lines which indicate the port value 0; and
- oneor more medialines which indicate the discard port value 9.

In the procedures below, such SIP REFER requests are called " SIP REFER requests for establishing new media at
controllee UE". It is assumed that the SCC ASisthefirst AS that the S-CSCF forwards the request to after receiving the
request from the UE.

Other SIP initial requests for a dialog, and requests for a SIP standalone transaction can be dealt with in any manner
conformant with 3GPP TS 24.229 [8].

Editor's Note: further types of REFER have to be determined.
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16.3.2 SCC AS procedures for collaborative session establishment by
transferring media

NOTE: If the controller UE is aready involved in a collaborative session then the proceduresin
subclause 17.13.1 apply.

Editor's Note: The text in thisfirst [ine will need to be aligned with a future change request that will provide the
procedures for determination of when to invoke this subclause.

When the SCC AS establishes a collaborative session by transferring media as aresult of receiving a SIP REFER
request from the controller UE , the SCC AS shall send:

1) aresponseto the SIP REFER reguest with SIP 202 (Accepted) and send a SIP NOTIFY request containing a
sipfrag for a SIP 100 (Trying) response to the controller UE as specified in RFC 3515 [13]; and

2) aSIPINVITE request to controllee UE, containing:
a) Request-URI with SIP URI from the Refer-To header field of the received SIP REFER request;

b) the Referred-By header field containing the URI from the P-Asserted-1dentity header field of the received
SIP REFER request;

c) the P-Asserted-ldentity header field containing the identity of the remote UE as received in the P-Asserted-
Identity header field from the remote UE at the original session establishment; and

d) the SDP information for the media component to be transferred as follows:

- The media(m=) lines from the body parameter in the Refer-To header field of the received SIP REFER
request; and

- for medialines which have non zero port nunmbers the SDP parameters from the corresponding media
lines as received during the last successful SDPoffer-answer exchange from the remote party

Upon receiving afina response from the controllee UE, the SCC AS shall send, a SIP NOTIFY request containing the
received final response code in the sipfrag body and if the received response was a SIP 200 (OK) response containing
an SDP answer then also include in the sipfrag the Content-Type header field from the received 200 (OK) response
along with the media (m=) lines from the SDP answer.

If the final response was a non 2xx response then the SCC AS shall consider the transfer operation failed and abort the
media transfer and establishment of the collaborative session.

If the final response was a SIP 200 (OK) response containing a SDP answer, the SCC AC shall send aSIPre-INVITE
request on the dialog for the remote leg to the remote UE as sepcified in 3GPP TS 24.229 [2]. The SCC AS shall:

1) send aSIPre-INVITE request containing SDP information as follows:

a) for the transferred media component(s), set the SDP information as from the SDP answer received in the SIP
200 (OK) response from the controllee UE;

b) for all other media componentsin the collaborative session, include the SDP information as from the original
session to the remote leg.

2) send aSIPre-INVITE request to the controller UE following the procedures described in 3GPP TS 24.229[2] to
remove the mediafor the transferred media component.

Upon receiving a SIP 200 (OK) response with the SDP answer on the remote leg, the SCC AS shall send an ACK
response on remote leg.

16.3.3 SCC AS procedures for collaborative session establishment with
new media

When SCC AS receives a SIP REFER request in a new dialog from the contoller UE for establishing a collaborative
session by adding new mediato the controllee UE, the SCC AS shall send:
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1) SIP 202 (Accepted) response to the controller UE;

2) SIPNOTIFY request containing a sipfrag for a SIP 100 Trying as described in RFC 3515 [13] to the controller
UE; and

3) SIPINVITE request in accordance to 3GPP TS 24.229 [2] to the controllee UE. The SCC AS shall construct the
SIPINVITE request as follows:

- Reguest-URI set to the SIP URI from the Refer-To header field of the received SIP REFER request;

- includes an SDP offer and sets all the m-linesto zero except the m-line of the media component isto be
added asthe last m-line in the SDP; and

- if them-linein the received SDP of the SIP REFER request is set to the discard port number "9", the SCC
AS shall include an a-line set to inactive in the SDP offer.

Editor's note: The value of c-lineis FFS.

If non-2xx final response is received from the controllee UE, the SCC AS shall send a SIP NOTIFY request including
the final response as sipfrag body to the controller UE and consider the inter-UE transfer operation failed. Otherwise,
the SCC AS continues with the remainder of the steps described in this subclause.

Upon receiving a response from the controllee UE with a SDP answer, the SCC AS shall send a SIP re-INVITE request
to the remote UE as specified in 3GPP TS 24.229 [2]. The SCC AS shall construct the SDP offer in the SIP re-INVITE
request as follows:

1) Request-URI with SIP URI from the Refer-To header field of the received SIP REFER request;

2) the Referred-By header field containing the URI from the P-Asserted-Identity header field of the received SIP
REFER request;

3) the P-Asserted-1dentity header field containing the identity of the remote UE asreceived in the P-Asserted-
Identity header field from the remote UE at the original session establishment; and

4) the SDP information from the body parameter in the Refer-To header field of the received SIP REFER request
and for medialines which have non zero port nunmbers the SDP parameters forthe corresponding medialines as
received during the last successful SDPoffer-answer exchange with the remote party.

Upon receiving afina response from the controllee UE, the SCC AS shall send, a SIP NOTIFY request containing the
received final response code in the sipfrag body and if the received response was a SIP 200 (OK) response containing a
SDP answer then also include in the sipfrag the Content-Type header field from the received 200 (OK) response along
with the media (m=) lines from the SDP answer.

If the final response was a non 2xx response then the SCC AS shall consider the transfer operation failed and abort the
media transfer and establishment of the collaborative session.

If the final response from the remote UE was a SIP 200 (OK) response with the SDP answer, the SCC AS shall:
1) send to the remote UE a SIP ACK request; and
2) send to the controllee UE:

- if Allow header inthe received SIP 200 (OK) response indicates the controllee UE support the SIP
UPDATE request, a SIP UPDATE request containing the current port number for the media component to be
added; otherwise

- aSIPre-INVITE request containing the current port number for the media component to be added.

NOTE: Any other changes such as | P address of the remote leg in case remote leg uses different IP addresses for
different media components can also be updated in the SIP UPDATE request or SIP re-INVITE request.

Upon successful completion of the SDP offer answer exchange using SIP re-INVITE request with the controlee UE, the
SCC AS shdll:

1) send to the controllee UE a SIP ACK request
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Editor's note: Thisis FFS how to inform the controller UE about current port number of the remote UE or any other
changes such as | P address.

16.3.4 Procedures to indicate SCC AS establishing a collaborative session
by adding a new media

When SCC AS receives a SIP REFER request in a new dialog from the contoller UE with:
1) the Request-URI parameter set to SIP URI of the SCC AS; and
2) the Refer-To header set to GRUU of acontrollee UE and URI parameter containing SDP listing:
- al the media components with associated information in the session; and

- anew media component with associated port number set to the discard port number 9" asthe last media
component,

the SCC AS shall follow the procedure in subclause 16.3.2 to establish a collaborative session with the controllee UE.

ETSI



3GPP TS 24.237 version 9.1.0 Release 9 49 ETSI TS 124 237 V9.1.0 (2010-01)

17 Roles for media transfer within collaborative session
for inter-UE transfer

17.1 Introduction

17.2 SC UE

17.2.1 Procedures for controller UE initiated media transfer from controller
UE to controllee UE

17.2.1.1 Controller UE procedures

17.2.1.2 Controllee UE procedures

17.2.2 Procedures for controller UE initiated media transfer from controllee
UE to another controllee UE

17.2.2.1 Controller UE procedures

17.2.2.2 Controllee UE procedures

17.3 SCC AS

17.3.1 Procedures for controller UE initiated media transfer from controller
UE to controllee UE

17.3.2 Procedures for controller UE initiated media transfer from controllee
UE to another controllee UE

18 Roles for release of collaborative session for inter-UE
transfer

18.1 Introduction

18.2 SC UE

18.2.1 Procedures for collaborative session release by controller UE

18.2.1.1 Controller UE

18.2.1.2

Controllee UE
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18.2.2 Procedures for collaborative session release by remote party
18.2.2.1 Controller UE

18.2.2.2 Controllee UE

18.3 SCCAS
18.3.1 Procedures for collaborative session release by controller UE

18.3.2 Procedures for collaborative session release by remote party

19 Roles for media adding/deleting within collaborative
session for inter-UE transfer

19.1 Introduction

19.2 SCUE
19.2.1 Procedures for adding new media on controllee UE by controller UE

19.2.2 Procedures for releasing media on controllee UE by controller UE

The controller UE may release a media component on a controllee UE within a collaborative session while it has an
ongoing IMS session with aremote UE.

The controller UE shall release the media by sending a SIP REFER request for releasing media component, including:
1) the Request-URI set to the SIP URI of the SCC AS;
Editor's note: Thisis FFS how to obtain the SIP URI of the SCC AS.
2) the Refer-To header asfollows:
a) the SIP URI of the controllee UE;

NOTE: The SIP URI of the controllee UE needs to be a GRUU if the controllee UE and any other UEs share the
same public user identity.

b) the body parameter containing SDP for the media (m=) linesin the session shall be set as follows:
- medialinesthat are not being released with their port numbers; and
- medialine(s) that are to be released with the port number set to zero;
3) the Accept header field set to "message/sipfrag”; and

4) the Target-Dialog header field populated as specified in IETF RFC 4538 [11], containing the dialog identifier of
the collaborative session.

The controller UE shall handle response to the SIP REFER request and the subsequent SIP NOTIFY requests according
to 3GPP TS 24.229 [2]. If the media component to be removed is not the last media component on the controllee UE,
the controller UE shall save the mediainformation (e.g. media line number) received in the sipfrag body of the SIP
NOTIFY request in order to perform further inter-UE transfer operations on the controllee UE.
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19.2.2A Procedures for releasing media on controller UE by controller UE

If the controller UE wants to release a media component on the controller UE within a collaborative session, the
controller UE shall follow the procedures defined in 3GPP TS 24.229 [ 2] for removing media with the following
differences:

1. include the SDP information for al other media components within the collaborative session in the SIP re-
INVITE request;and

2. set dl the ports number of the media on the controllee UES with value zero.

19.2.3 Procedures for releasing media by controlee UE
19.2.3.1 Media flow on controller UE

19.2.3.2 Media flow on controllee UE

19.2.4 Procedures for modifying media on controllee UE by itself
If the controllee UE wants to modify the characteristics of a media component on itself within a collaborative session,
the controllee UE shall follow the procedures defined in 3GPP TS 24.229 [2] for modifying media.

19.2.5 Procedures for adding new media by remote party when the
controller UE does not alert the user

When controller UE receives a SIP re-INVITE request within an existing dialog from the remote UE to add a new
media component on the collaborative session, the controller UE shall decide whether adding the new media on itself or
adding it to one of its controllee UE.

If the controller UE decides to add the new media component on itself, the controller UE shall follow the precedure as
specified in 3GPP TS 24.229 [2],

If the controller UE decides to add the new media component on one of its controllee UE, the controller UE shall send a
SIP REFER request outside the existing dialog as specified in RFC 3515 [13] and include:

1) the Request-URI set to the SIP URI of the SCC AS;
2) the Refer-To header, including:
a) the SIP URI of the controllee UE where the media stream should be established from; and

NOTE: The SIP URI of the controllee UE needs to be a GRUU if the controllee UE and any other UEs share the
same public user identity.

b) the body parameter containing SDP for the media (m=) lines for the media lines in the session shall be set as
follows:

- medialinesthat are not being transferred with the port number set to zero;

- medialing(s) that are to be added at the controllee UE the same SDP information asin the SIP re-INVITE
request received from the remote party.

3) the Accept header field containing the MIME types " message/sipfrag";and
4) the Target-Diaog header field containing the dialog parameters for the dialog of the existing session

The controller UE shall handle response to the SIP REFER request and the subsequent SIP NOTIFY requests according
t0 3GPP TS 24.229 [2]. Then the controller UE shall response the SIP re-INVITE request with a SIP 200 (OK) response
with a SDP answer as specified in 3GPP TS 24.229[2], and construct the SDP information in the SIP 200 (OK)
response as follows:

1) set the port number of the new added media component with value zero; and
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2) set al the ports number of the media on the controllee UEs with value zero; and
3) for other media components on the controller UE are not changed.

If an error response is received for the SIP REFER request or the subsequent SIP NOTIFY requests include a non-2xx
final response, the controller UE shall consider the transfer operation failed and make a decision again whether adding
the new media on itself or adding it on other controllee UE.

19.2.6 Procedures for releasing media by remote party

19.3 SCCAS
19.3.1 Procedures for adding new media on controllee UE by controller UE

19.3.2 Procedures for releasing media on controllee UE by controller UE
Editor's Note: It is FFS how to ensure that | CM P messages are not generated due to media sent to closed port.

When SCC AS receives a SIP REFER request in a new dialog from the controller UE to remove a media component on
acontrollee UE, the SCC AS shall send:

1) SIP REFER request with SIP 202 (Accepted) response to the controller UE;
2) SIPNOTIFY request with sipfrag including SIP 100 Trying to the controller UE;

3) if the media component isthe only active media component on the target controllee UE, send a SIP BY E request
to the controllee UE to release the controlled session based 3GPP TS 24.229 [2]; and

4) if the media component is not the last active media component on the target controllee UE, send a SIP re-
INVITE request to the controllee UE, containing an SDP offer where the media component to be removed is set
to port number zero while the media information for other media components are not changed.

Upon receiving SIP 200 (OK) response from the controllee UE, the SCC AC shall send a SIP re-INVITE request to the
remote leg as specified in 3GPP TS 24.229 [2]. The SCC AS shall construct the SDP information in the SIP re-INVITE
request as follows:

1) set port number for removed media component to zero; and

2) include the SDP information for all other media in the collaborative session as from the original session to the
remote leg.

Upon receiving SIP 200 (OK) response with the SDP answer from the remote leg, the SCC AS shall send:
1) aSIP ACK request to the remote leg;
2) upon successful release of the media component, a SIP NOTIFY request to the controller UE:

- If the SCC AS has released the session toward the controllee UE due to removal of the last media component,
the sipfrag body shall include the SIP 200 (OK) response of the SIP BY E request; and

- If the session between the controllee UE and the SCC AS still exists due to existence of other media
components, the sipfrag body shall include the SIP 200 (OK) response of the SIP re-INVITE request and also
include the SDP information received from the controllee UE.

19.3.2.1 Distinction of requests at the SCC AS
When SCC AS receives a SIP REFER request in a new dialog from the contoller UE with:
1) the Request-URI parameter set to SIP URI of the SCC AS; and

2) the Refer-To header set to SIP URI of acontrollee UE and URI parameter containing SDP listing:
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- al the media components with associated information in the session; and
- the media component isto be released with associated port number set to O.

the SCC AS shall follow the procedure in subclause 19.3.2 to release the media component from the controllee UE.

19.3.2A Procedures for releasing media on controller UE by controller UE

When SCC ASreceives a SIP re-INVITE request within an existing dialog from the controller UE to remove a media
component on itself, the SCC AS shall send a SIP re-INVITE reguest to the remote UE as specified in
3GPP TS 24.229[2]. The SCC AS shall construct the SDP information in the SIP re-INVITE request as follows:

1) set port number for the removed media component to zero; and

2) include the SDP information for al other mediain the collaborative session as received during the last successful
SDP offer-answer exchange from the remote party.

Upon receiving SIP 200 (OK) response with the SDP answer from the remote UE, the SCC AS shall send:
1) aSIP ACK request to the remote UE;

2) aSIP 200 (OK) response to the controller UE as specified in 3GPP TS 24.229[2]. The SCC AS shall construct
the SDP infromation in the SIP 200 (OK) response as follows:

- set port number for the removed media component to zero; and

- set dl the ports number of the media on the controllee UES with value zero.

19.3.3 Procedures for releasing media by controlee UE
19.3.3.1 Media flow on controller UE

19.3.3.2 Media flow on controllee UE

19.3.4 Procedures for modifying media on controllee UE by itself

When SCC ASreceives a SIP re-INVITE request within an existing dialog from the controllee UE to modify a media
component on itself, the SCC AS shall send a SIP re-INVITE reguest to the remote UE as specified in
3GPP TS 24.229 [2]. The SCC AS shall construct the SDP information in the SIP re-INVITE request as follows:

1) set the modified mediainformation as the same in the SIP re-INVITE request received from the controllee UE;
and

2) include the SDP information for al other mediain the collaborative session as received during the last successful
SDP offer-answer exchange from the remote party.

Upon receiving SIP 200 (OK) response with the SDP answer from the remote UE, the SCC AS shall send:
1) aSIP ACK request to the remote UE; and
2) aSIP 200 (OK) response to the controllee UE with the SDP answer only contains the media component on the

controllee UE.

19.3.5 Procedures for adding new media by remote party when the
controller UE does not alert the user

When SCC AS receives a SIP REFER request from the controller UE to add a new media component on a controllee
UE, the SCC AS shall send:

1) aresponseto the SIP REFER request with SIP 202 (Accepted) response and send the SIP NOTIFY request
containing a sipfig for a SIP 100 (Trying) response to the controller UE as described in RFC 3515 [13];

ETSI



3GPP TS 24.237 version 9.1.0 Release 9 54 ETSI TS 124 237 V9.1.0 (2010-01)
2) if thetarget controllee UE has not been involved in the collaborative session, send ainitial SIP INVITE request
to the controllee UE to add the controlee UE in the collaborative session, containing:
a) Reguest-URI with SIP URI from the Refer-To header field of the received SIP REFER request;

b) the Referred-By header field containing the URI from the P-Asserted-1dentity header field of the received
SIP REFER request;

c) the P-Asserted-ldentity header field containing the identity of the remote UE as received in the P-Asserted-
Identity header field from SIP re-INVITE request received from the remote UE; and

d) the SDP information for the media component to be transferred as follows:

- The media(m=) lines from the body parameter in the Refer-To header field of the received SIP REFER
request; and

- for medialines which have non zero port nunmbers the SDP parameters from the corresponding media
lines as received in the SDP offer from the remote party in the SIP re-INVITE request.

3) if there are other media component within the collaborative session between the target controllee UE and the
remote UE, send a SIP re-INVITE reguest to the controllee UE, containing:

a) the SDP information for the media component to be transferred as follows:

- The media (m=) lines from the body parameter in the Refer-To header field of the received SIP REFER
reguest; and

- for medialines which have non zero port nunmbers the SDP parameters from the corresponding media
lines as received in the SDP offer from the remote party in the SIP re-INVITE request

- for other media components that have already involved in the collabartive session are not changed.

Upon receiving afina response from the controllee UE, the SCC AS shall send, a SIP NOTIFY request containing the
received final response code in the sipfrag body and if the received response was a SIP 200 (OK) response containing
an SDP answer then also include in the sipfrag the Content-Type header field from the received 200 (OK) response
along with the media (m=) lines from the SDP answer.

If the final response was a non 2xx response then the SCC AS shall consider the transfer operation failed and abort the
media transfer.

If the final response was a SIP 200 (OK) response containing a SDP answer, the SCC AS shall:
1) send a SIP ACK request to the controllee UE;

2) send a SIP 200 (OK) response to the remote UE as specified in 3GPP TS 24.229 [2]. The SCC AS shall
construct the SDP infromation in the SIP 200 (OK) response as follows:

- set the same SDP information for the new added media as in the SIP 200 (OK) response received from the
controlee UE; and

- include the SDP information for all other mediain the collaborative session as received during the last
successful SDP offer-answer exchange from the remote party.
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19.3.6 Procedures for releasing media by remote party

20 Service continuity and MMTEL interactions
20.1 Roles for Access tranfer and MMTEL interaction
20.1.1 Introduction

20.1.2 SCUE

20.1.3 SCCAS

20.2  Roles for inter-UE transfer and MMTEL interaction
20.2.1 Introduction

20.2.2 SCUE

20.2.3 SCCAS
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Annex A (informative):
Example signalling flows

A.1  Scope of signalling flows

This annex gives examples of signalling flows for Service Continuity based on the Session Initiation Protocol (SIP) and
SIP Events.

These signalling flows provide detailed signalling flows, which expand on the overview information flows provided in
3GPPTS23.237[9].

A.2 Introduction

A.2.1 General

The signalling flows provided in this annex follow the methodology developed in 3GPP TS 24.228 [3].

A.2.2 Key required to interpret signalling flows

The key to interpret signalling flows specified in 3GPP TS 24.228 [3] subclauses 4.1 and 4.2 applies with the additions
specified below:

- tel:+1-237-555-1111 represents the public user indentity of SC UE A.
- tel:+1-237-555-2222 represents the public user indentity of UE B.
- sp:sceasl.homel.net represents the Internet host of SCC AS.

Each signalling flow table contains descriptions for headers where the content of the header is new to that signalling
flow, asisaready performed in 3GPP TS 24.228 [3].

However, 3GPP TS 24.228 [ 3] includes extensive descriptions for the contents of various headers following each of the
tables representing the contents of the signalling flows. Where the operation of the header isidentical to that shownin
3GPP TS 24.228 [ 3], then such text is not reproduced in the present document.

Additional text may also be found on the contents of headers within 3GPP TS 24.228 [3] in addition to the material
shown in the present document.

In order to differentiate between messages for SIP and media, the notation in figure A.2-1 is used.

INVITE
P S|P message
SETUP
—————————————— ®  CS message
- P  Media over a PS connection
= = == == == = — P Mediaover a CS connection

Figure A.2-1: Signalling flow notation
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A.3  Signalling flows for registration

A.3.1 Introduction

When using CS access for media and to make use of the IMS I1SC procedures, the SC UE isregisteredin IM CN
subsystem and the signalling flows are defined in 3GPP TS 24.292 [4] subclause A.2.

When initiating a CS call, the SC UE can be registered in the CS domain as defined in 3GPP TS 24.008 [§].

Whenever the UE acquires IP connectivity viaan IP-CAN, the signalling flows for registration in the IMS are defined
in3GPP TS 24.228 [3].

A.3.2 Signalling flows for multiple registration for service
continuity

The signalling flows shown in figure A.3.2-1 gives an example when a UE connects to different IP-CAN respectively
and performs multiple registrations. In this example the SCC AS receives the registration state information that it needs
to implement SCC specific requirements from the third-party REGISTER request.

UE P-CSCF#1 P-CSCF#2 I-CSCF S-CSCF SCC AS
—1. SIP Register#1-#-
2. SIP Register#t1——» 3. SIP
| Register#1
<—4. 200 OK—
—5. 200 OK——— —7. SIP Register»
<6200 OK—— <—8.200 OK—
9.UE connects to a
new [P-CAN
_Register#2_>_ 12. SIP
Register#2
< 13. 40} ]
B 14.401 | Unauthorized
-« 15. 401 Unauthorized Unauthorized
|
_Register#2_>_ 18. SIP
Register#2
-19. 200 OK—
€20. 200 OK— —22. SIP Registem
-~
21.200 OK «-23.200 OK—

Figure A.3.2-1 Signalling flows for multiple registrations

1. SIPREGISTER request (UE to P-CSCF#1)-See examplein table A.3.2-1
UE sendsthe SIP REGISTER request viathe IP-CAN#1.
NOTE 1: For clarity, the unprotected SIP REGISTER request viathe IP-CAN#1 is not shown in this example.
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Table A.3.2-1SIP REGISTER request (UE to P-CSCF#1)

REGISTER sip:registrar.homel.net SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd] :1357; comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151DOFCE11l

From: <sip:userl publicl@homel.nets>;tag=4fa3

To: <sip:userl_publicl@homel.net>

Contact: <sip:[5555::aaa:bbb:ccc:ddd] :1357; comp=sigcomp>; reg-id=1; +sip.instance="«<
urn:gsma:imei:90420156-025763-0 >";+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-
service.ims.icsi.mmtel";+g.3gpp.ics="principal";+g.3gpp.accesstype="cellularl";expires=6000

00
Call-ID: apb03a0s09dkjdfglkj49111
Authorization: Digest username="userl private@homel.net", realm="registrar.homel.net",

nonce=base64 (RAND + AUTN + server specific data), algorithm=AKAv1-MD5,
uri="sip:registrar.homel.net", response="6629fae49393a05397450978507c4efl"

Security-Client: ipsec-3gpp; alg=hmac-sha-1-96; spi-c=23456789; spi-s=12345678; port-c=2468;
port-s=1357

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

Require: sec-agree

Proxy-Require: sec-agree

CSeqg: 2 REGISTER

Supported: path, outbound, gruu

Content-Length: 0

2. SIPREGISTER request (P-CSCF#1 to |-CSCF)-See examplein table A.3.2-2

After performing the DNS query, the P-CSCF#1 forwards the REGISTER request towards |-CSCF. The P-CSCF
adds a Path header with a flow token and includes the 'ob' parameter

Table A.3.2-2 SIP REGISTER request (P-CSCF#1 to I-CSCF)

REGISTER sip:registrar.homel.net SIP/2.0

Via: SIP/2.0/UDP pcscfl.visitedl.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP
[5555: :aaa:bbb:ccc:ddd] :1357; comp=sigcomp; branch=z9hG4bKnashds7

Max-Forwards: 69

P-Access-Network-Info:

Path: <sip:VskztcQ/S8p4WPbOnHbuyh5iJvJIW3ib@pcscfl.visitedl.net;lr;ob>

Require: path

P-Visited-Network-ID: "Visited Network Number 1"

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLs0o=023551024"

From:

To:

Contact:

Call-ID:

Authorization: Digest username="userl private@homel.net", realm="registrar.homel.net",
nonce=base64 (RAND + AUTN + server specific data), algorithm=AKAv1-MD5,
uri="sip:registrar.homel.net", response="6629fae49393a05397450978507c4efl", integrity-
protected="yes"

CSeq:

Supported:

Content-Length:

3. SIPREGISTER request (I-CSCF to S-CSCF)
The I-CSCF forwards the SIP REGISTER request to the S-CSCF.
4. SIP 200 (OK) response (S'CSCF to I-CSCF)-See examplein table A.3.2-4

The S-CSCF sends a SIP 200 (OK) response to the I-CSCF indicating that Registration was successful. AS the
URI inthefirst path header field has an "ob" URI parameter, it include a Require header with the option-tag
"outbound".
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Table A.3.2-4: SIP 200 (OK) response (S-CSCF to I-CSCF)

SIP/2.0 200 OK
Via: SIP/2.0/UDP icscfl_p.homel.net;branch=z9hG4bK351g45.1, SIP/2.0/UDP
pcscfl.visitedl.net;branch=z9hG4bkK240£34.1, SIP/2.0/UDP
[5555: :aaa:bbb:ccc:ddd] :1357; comp=sigcomp; branch=z9hG4bKnashds7
Path: <sip:term@pcscfl.visitedl.net;lr;ob>
Service-Route: <sip:orig@scscfl.homel.net;lr>
From:
To:
Call-ID:
Contact: <sip:[5555::aaa:bbb:ccc:ddd] :1357; comp=sigcomp>;
pub-gruu=" sip:userl publicl@homel.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c9le6bf6"
;temp-gruu="sip:tgruu.7hs==jd7vnzgasSw7fajsc7-ajd6fabz0f8g5@example.com;gr"
;+sip.instance="< urn:gsma:imei:90420156-025763-0 >"+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-

service.ims.icsi.mmtel";+g.3gpp.ics="principal";+g.3gpp.accesstype:"Cd|Uk¥1"
;expires=600000

CSeq:

Supported: path, outbound

Require: outbound

Date: Wed, 11 July 2001 08:49:37 GMT

P-Associated-URI: <sip:userl public2@homel.net>, <sip:userl public3@homel.net>, <sip:+1-212-
555-1111@homel.net;user=phone>

Content-Length:

5-6. SIP 200 (OK) response (I-CSCF to UE)
The I-CSCF forwards the SIP 200 (OK) response to the UE via P-CSCF#1.
7. SIPREGISTER request (SSCSCF to SCC AS)-See examplein table A.3.2-7

After UE successfully registered in the IM CN subsystem, the S-CSCF sends a third party REGISTER request to
the SCC AS based on the initid filter criteriait received.

Table A.3.2-7: SIP REGISTER request (S-CSCF to SCC AS)

REGISTER sip: sccas.homel.net /2.0

Via: SIP/2.0/UDP scscfl.homel.net;branch=z9hG499ffhy

Max-Forwards: 70

From: <sip:scscfl.homel.net>; tag=538ya

To: <sip:userl publicl@homel.net>

Call-ID: lasdaddlrfjflslj40a222

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151DOFCE11l
Contact: <sip:scscfl.homel.net>; expires=600000

CSeq: 87 REGISTER

Content-Type: multipart/mixed;boundary="boundaryl"

Content-Length: (_.)

--boundaryl
Content-Type: message/sip

REGISTER sip:registrar.homel.net SIP/2.0

Via: SIP/2.0/UDP pcscfl.visitedl.net;branch=z9hG4bK240£f34.1, SIP/2.0/UDP
[5555: :aaa:bbb:ccc:ddd] :1357; comp=sigcomp;branch=z9hG4bKnashds7
Max-Forwards: 69

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151DOFCE11l
Path: <sip:VskztcQ/S8p4WPbOnHbuyh5iJvJIW3ibe@pcscfl.visitedl.net;1lr;ob>
Require: path

P-Visited-Network-ID: "Visited Network Number 1"

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLso=023551024"
From: <sip:userl publicl@homel.nets>;tag=4fa3

To: <sip:userl_publicl@homel.net>

Contact: <sip:[5555::aaa:bbb:ccc:ddd] :1357; comp=sigcomp>; reg-id=1; +sip.instance="«<
urn:gsma:imei:90420156-025763-0>";+g.3gpp.1icsi-ref="urn%3Aurn-7%3gpp-

service.ims.icsi.mmtel";+g.39pp.ics:"principa1";+g.ngp.accesstype:"Ce”Lﬂarrtexpires:600000
Call-ID: apb03a0s09dkjdfglkj49111

Authorization: Digest username="userl private@homel.net", realm="registrar.homel.net",
nonce=base64 (RAND + AUTN + server specific data), algorithm=AKAv1-MD5,
uri="sip:registrar.homel.net", response="6629fae49393a05397450978507c4efl"

CSeqg: 2 REGISTER

Supported: path, outbound, gruu

Content-Length: 0

--boundaryl
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Content-Type: message/sip

SIP/2.0 200 OK

Via: SIP/2.0/UDP icscfl_p.homel.net;branch=z9hG4bK351g45.1, SIP/2.0/UDP
pcscfl.visitedl.net;branch=z9hG4bK240£f34.1, SIP/2.0/UDP

[5555: :aaa:bbb:ccc:ddd] :1357; comp=sigcomp;branch=z9hG4bKnashds7

Path: <sip:term@pcscfl.visitedl.net;lr;ob>

Service-Route: <sip:orig@scscfl.homel.net;lr>

From: <sip:userl publicl@homel.nets>;tag=4fa3

To: <sip:userl publicl@homel.nets>;tag=3ecl

Call-ID: apb03a0s09dkjdfglkj49111

Contact: <sip:[5555::aaa:bbb:ccc:ddd] :1357; comp=sigcomp>;
pub-gruu="sip:userl_publicl@homel.net;gr=urn:uuid:f81ld4fae-7dec-11d0-a765-00a0c9le6bf6"
;temp-gruu="sip:tgruu.7hs==jd7vnzgasSw7fajsc7-ajdéefabz0f8g5@example.com;gr"
;+sip.instance="< urn:gsma:imei:90420156-025763-0>";+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-

service.ims.icsi.mmtel";+g.3gpp.ics="principal"+g.3gpp.accesstype:"Cdlukﬂl"

;expires=600000

Supported: path, outbound

Require: outbound

Date: Wed, 11 July 2001 08:49:37 GMT

P-Associated-URI: <sip:userl public2@homel.net>, <sip:userl public3@homel.net>, <sip:+1-212-555-
1l111@homel.net;user=phone>

CSeqg: 2 REGISTER

Content-Length: 0

--boundaryl--

8. SIP 200 OK response (SCC ASto S-CSCF)

The SCC AS generates the SIP 200 (OK) response to the third party SIP REGISTER request.
9. UE connectsto anew |P-CAN

The UE connectsto anew IP-CAN and will perform the registration viathe new |P-CAN.
10. SIP REGISTER request (UE to P-CSCF#2)- See examplein table A.3.2-10

UE sends the unprotected SIP REGISTER request viathe new IP-CAN to P-CSCF+2 which in this exampleisa
different one with previous registration.

Table A.3.2-10: SIP REGISTER request (UE to P-CSCF#2)

REGISTER sip:registrar.homel.net SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:eee] ;comp=sigcomp;branch=z9hG4bKnasiuen8

Max-Forwards: 70

P-Access-Network-Info: IEEE-802.11b

From: <sip:userl_ publicl@homel.nets>;tag=2hiue

To: <sip:userl_publicl@homel.net>

Contact: <sip:[5555::aaa:bbb:ccc:eee] ;comp=sigcomp>; reg-id=2; +sip.instance="<
urn:gsma:imei:90420156-025763-0>;+g9.3gpp.icsi-ref="urn%3Aurn-7%3gpp-
service.ims.icsi.mmtel";+g.3gpp.ics:"principal";+g.3gpp.accesstype:"mﬂan2ﬁexpires:600000

Call-ID: E05133BD26DD

Authorization: Digest username="userl private@homel.net", realm="registrar.homel.net",
nonce="", uri="sip:registrar.homel.net", response=""

Security-Client: ipsec-3gpp; alg=hmac-sha-1-96; spi-c=23456789; spi-s=12345678; port-c=1234;
port-s=5678

Require: sec-agree

Proxy-Require: sec-agree

CSeqg: 1 REGISTER

Supported: path, outbound, gruu

Content-Length: 0

11-12. SIP REGISTER request (P-CSCF#2 to S-CSCF)

The P-CSCF forwards the SIP REGISTER request towards S-CSCF via |-CSCF. Likewise in message #2, P-
CSCF#2 adds a Path header with flow token and 'ob’ parameter.

13-15. SIP 401 (Unauthorized) response (S-CSCF to UE)

The authentication challenge is sent in the SIP 401 (Unauthorized) response towards the UE.
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16-18. SIP REGISTER request (UE to SSCSCF)
The UE sends the protected SIP REGISTER request towards S-CSCF using contact#2.
19-21. SIP 200 (OK) response (S-CSCF to UE)
The S-CSCF sends a SIP 200 (OK) response towards the UE indicating that registration was successful.
22. SIPREGISTER request (SSCSCF to SCC AS)
The S-CSCF sends a third party REGISTER request to the SCC AS based on the initia filter criteriait received.

Table A.3.2-22: SIP REGISTER request (S-CSCF to SCC AS)

REGISTER sip: sccas.homel.net /2.0

Via: SIP/2.0/UDP scscfl.homel.net;branch=z9hG499ffhy
Max-Forwards: 70

From: <sip:scscfl.homel.net>; tag=538ya

To: <sip:userl publicl@homel.net>
P-Access-Network-Info: IEEE-802.11b

Call-ID: lasdaddlrfjflslj40a222

Contact: <sip:scscfl.homel.net>; expires=600000
CSeq: 87 REGISTER

Content-Type: multipart/mixed;boundary="boundaryl"

Content-Length: (_.)

--boundaryl
Content-Type: message/sip

REGISTER sip:registrar.homel.net SIP/2.0

Via: SIP/2.0/UDP pcscfl.visitedl.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP
[5555: :aaa:bbb:ccc:eee] :1357; comp=sigcomp;branch=z9hG4bKnashds7
Max-Forwards: 69

P-Access-Network-Info: IEEE-802.11b

Path: <sip:VskztcQ/S8p4WPbOnHbuyh5iJvJIW3ib@pcscfl.visitedl.net;lr;ob>
Require: path

P-Visited-Network-ID: "Visited Network Number 1"

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLs0=023551024"
From: <sip:userl publicl@homel.net>;tag=2hiue

To: <sip:userl publicl@homel.net>

Contact: <sip:[5555::aaa:bbb:ccc:eee] ;comp=sigcomp>;reg-id=2;+sip.instance="<
urn:gsma:imei:90420156-025763-0>;+9.3gpp.icsi-ref="urn%3Aurn-7%3gpp-

service.ims.icsi.mmtel";+g.3gpp.ics="principal";+g.3gpp.accesstype :"MﬂaHZ";expires:6000OO
Call-ID: apb03a0s09dkjdfglkj49111

Authorization: Digest username="userl private@homel.net", realm="registrar.homel.net",
nonce=base64 (RAND + AUTN + server specific data), algorithm=AKAv1-MD5,
uri="sip:registrar.homel.net", response="6629fae49393a05397450978507c4efl"

CSeq: 3 REGISTER

Supported: path, outbound, gruu

Content-Length: 0

--boundaryl
Content-Type: message/sip

SIP/2.0 200 OK

Via: SIP/2.0/UDP icscfl_p.homel.net;branch=z9hG4bK351g45.1, SIP/2.0/UDP
pcscfl.visitedl.net;branch=z9hG4bK240£f34.1, SIP/2.0/UDP

[5555: :aaa:bbb:ccc:eee] :1357; comp=sigcomp;branch=z9hG4bKnashds7

Path: <sip:term@pcscfl.visitedl.net;1lr;ob>

Service-Route: <sip:orig@scscfl.homel.net;lr>

From: <sip:userl publicl@homel.net>;tag=2hiue

To: <sip:userl publicl@homel.net>;tag=2da87

Call-ID: apb03a0s09dkjdfglkj49111

Contact: <sip:[5555::aaa:bbb:ccc:ddd] :1357; comp=sigcomp>;

pub-gruu="sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c9lebcbfe"
;temp-gruu="sip:tgruu.7hs==jd7vnzgabw7fajsc7-ajd6fabz0f8g5@example.com;gr"
;+sip.instance="<urn:gsma:imei:90420156-025763-0>";+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-

service.ims.icsi.mmtel";+g.39pp.ics:"principa1";+g.ngp.accesstype:"mﬂaHZ"

;expires=600000

Supported: path, outbound

Require: outbound

Date: Wed, 11 July 2001 08:49:37 GMT

P-Associated-URI: <sip:userl public2@homel.net>, <sip:userl public3@homel.net>, <sip:+1-212-555-
1l1l11@homel.net ;user=phone>

CSeqg: 3 REGISTER
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Content-Length: 0

--boundaryl--

23.SIP 200 (OK) response (SCC ASto S-CSCF)
The SCC AS generates the SIP 200 response to the third party REGISTER request.

A.4  Signalling flows for call origination for service
continuity

A.4.1 Session origination for CS calls

An example flow for session origination for CS calls can be found in 3GPP TS 24.292 [4].

A.5  Signalling flows for call termination for service
continuity

A.5.1 Session termination using CS media

An example flow for session termination using CS calls can be found in 3GPP TS 24.292 [4].

A.6  Signalling flows for PS-CS access transfer

A.6.1 PS-CS access transfer: CS-PS

In thisexample, SC UE A has an ongoing session with remote UE B over CS bearer before access transfer. When SC
UE connects to an IP-CAN, it decides to transfer the session over the new IP-CAN.
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Figure A.6.1-1: Signalling flow for PS-CS Access Transfer: CS to PS

NOTE 1: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.
1. SC UE A hasan ongoing session with remote UE B

The call has been anchored at the SCC AS which isinthe HPLMN of originating SC UE A.
2. SC UE A connectsto a new |P-CAN:

The SC UE A decides to transfer the session over the new IP-CAN. The UE A obtains an | P address that it will
use for the signalling and media. It registers with the S-CSCF over the new |P-CAN using standard registration
procedure and reserves resources in the new |P-CAN.

3. SIPINVITE request (SC UE A tointermediate IM CN subsystem entities) - see examplein table A.6.1-3

The SC UE A sends an initial INVITE request to request the new call replaces the existing call.
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Table A.6.1-3: SIP INVITE request (UE A to intermediate IM CN subsystem entities)

INVITE sip:domain.xfer@sccas.homel.net SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd] :1357; comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscfl.homel.net:7531;1lr >, <sip:orig@scscfl.homel.net;lr>

P-Preferred-Identity: "John Doe" <sip:userl publicl@homel.nets>

P-Access-Network-Info: IEEE-802.11b

Privacy: none

From: <sip:userl publicl@homel.net>; tag=171828

To: <tel:+1-237-555-2222>

Call-ID: cb03a0s09a2sdfglkj490237

Cseq: 127 INVITE

Supported: 100rel; precondition

Require: sec-agree

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; g=0.1; alg=hmac-sha-1-96; spi=87654321; portl=7531

Contact: <sip:userl publicl@homel.net;gr= urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c9le6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-
service.ims.icsi.mmtel"; +g.3gpp.ics="principal";

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE

Accept: application/sdp; application/3gpp-ims+xml

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
S=

c=IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:gos remote none

a=des:gos mandatory local sendrecv

a=des:gos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event

a=maxptime:20

4. Evaluation of initial filter criteria

The S-CSCF evaluates initial filter criteriafor the served SC user and as aresult routes the SIP INVITE request
towards the SCC AS.

5. SIPINVITE request (intermediate IM CN subsystem entitiesto SCC AS)

The SIPINVITE request is forwarded to the SCC AS as the result of the evaluation of iFC.
6. Remote L eg Update

The SCC AS performs the Remote Leg update by sending the SIP re-INVITE reguest towards the Remote L eg.
7. SIPre- INVITE request (SCC AStointermediate IM CN subsystem entities)- See examplein table A.6.1-7

The SCC AS modifies the message in accordance with routeing B2BUA functionality, e.g. mapping of From,
To, Cseg and Call-ID headers from one side of the B2BUA to the other. In this example the SCC AS includes
the contents of the Contact header from the received SIP INVITE request. The SIP re-INVITE request contains
the SDP offer that isidentical to the SDP offer that the SCC ASreceived in theinitial SIP INVITE request from
the UE A (Step 3).
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Table A.6.1-7: SIP re-INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE < sip:userl publicl@homel.net;gr=urn:uuid:f81ld4fae-7dec-11d0-a765-00a0c9le6bf6> SIP/2.0

Via: SIP/2.0/UDP sccas.homel.net; branch=z9hG4bK332b33.3;

Max-Forwards: 67

Route: <scscfl.homel.net;lr >,<sip:scscf2.home2.net;lr>, <sip:pcscf2.visited2.net;lr>

P-Asserted-Identity: "John Doe" <sip:userl publicl@homel.net>, <tel:+1-237-555-1111>

P-Access-Network-Info: IEEE-802.11b

Privacy: none

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLso=023551024"

P-Charging-Function-Addresses:

From: <sip:userl_ publicl@homel.net>; tag=1717777

To: <tel:+1-237-555-2222>, tag=4321

Call-ID: dcl4bltl0b3teghmlk5013237

Cseq: 111 INVITE

Supported: precondition, 100rel

Contact: <sip:user2 publicl@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-
ad76cc7fc74>;+g9.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE

Accept: application/sdp

Content-Type: application/sdp

Content-Length: (..)

0
- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

n o <
[T

c=IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=audio 3456 RTP/AVP 97 96
b=AS:25.4

a=curr:gos local sendrecv
a=curr:gos remote none

a=des:gos mandatory local sendrecv
a=des:gos none remote sendrecv
a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event
a=maxptime:20

8. SIPre INVITE request (Intermediate IM CN subsystem entitiesto UE B)

The intermediate IM CN subsystem entities forward the SIP re-INVITE request to remote UE B.
9-10: SIP 200 (OK) response (UE B to SCC ASvialntermediate IM CN subsystem entities)

The UE B generates the SIP 200 (OK) response to the SIP re-INVITE request and forwards it to the SCC AS.
11-12: SIP ACK request (SCC ASto UE B via Intermediate IM CN subsystem entities)

The SCC AS generates the SIP ACK request to the SIP 200 (OK) response and forwards it to the remote UE B.
13-14: SIP 200 (OK) response (SCC ASto UE A via Intermediate IM CN subsystem entities)

The SCC AS generates the SIP 200 (OK) response to the SIP INVITE request and forwardsit to the SC UE A.
15-16: SIP ACK request (SC UE A to SCC ASvialntermediate IM CN subsystem entities)

The SC UE A generates the SIP ACK reguest to the SIP 200 (OK) response and forwardsit to the SCC AS
17. M edia paths between UE A and UE B

The media path is using the new |P-CAN.
18-19. SIP BYE request (SCC ASto interworking entitiesvia intermediate IM CN subsystem entities)

The SCC AS terminates the replaced call leg, which was using the CS bearer, by sending a BY E request.
20-22. 1SUP M essage
Upon receiving the DISCONNECT request, the SC UE A relinquishes all resources pertaining to the CS bearer.
23-24. SIP 200 (OK) response (I nterworking entitiesto SCC ASviaintermediate IM CN subsystem entities)
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A.6.2 PS-CS access transfer: PS-CS

In this example, SC UE A has an ongoing session with remote UE B over PS bearer before access transfer which is
anchored at SCC AS. When the SC UE attaches to the CS domain, it decides to transfer the session over the CS bearer

without |CS capability.
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SCUE A Interworking Intermediate IM SCC AS UEB
CcS | PS entities CN sul')s.ystem
entities
I |
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— — —+ 3. SETUP — — »
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Figure A.6.2-1 Signalling flow for PS-CS access transfer: PS-CS

NOTE 1: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

1. SC UE A ison an active session with UE B:

Thereisan ongoing IP bearer between the SC UE and the remote end UE B. The call isachored at SCC AS.

2. SC UE A attachestothe CSdomain

The SC UE attaches to the CS domain and decides to transfer the session over the CS bearer.

3. CC SETUP messages
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The SC UE sends the CS SETUP message with the static STN as the called party number.

4. SIPINVITE request (Interworking entitiesto Intermediate IM CN subsystem entities) -see examplein
table A.6.2-4

Table A.6.2-4: SIP INVITE request (interworking entities to intermediate IM CN subsystem entities)

INVITE tel: +1-237-555-3333 SIP/2.0

Via: SIP/2.0/UDP mgcfl.homel.net;branch=z9hG4bk731b87

Max-Forwards: 70

Route: <sip:icscfl.homel.net;lr>

P-Asserted-Identity: <tel: +1-237-555-1111>

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLso=023551024"; orig-ioi=homel.net
Privacy: none

From: <tel: +1-237-555-1111>;tag=171828

To: <tel: +1-237-555-3333>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

Supported: 100rel, precondition

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Contact: <sip:mgcfl.homel.net;gr>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee
s
c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVP 97 96

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:25.4

a=curr:qos local sendrecv

a=curr:gos remote none

a=des:gos mandatory local sendrecv

a=des:gos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event

a=maxptime:20

Request-URI: containsthe IMRN, as obtained from CS networks signalling.
SDP: The SDP contains preconfigured set of codecs supported by the MGW.
5. Evaluation of initial filter criteria

The S-CSCF evauatesinitial filter criteriafor the served SC user and as aresult routes the SIP INVITE request
towards the SCC AS.

6. SIPINVITE request (Intermediate IM CN subsystem entitiesto SCC AS)
7. RemoteLeg Update
The SCC AS performs the Remote Leg update by sending the SIP re-INVITE reguest towards the Remote Leg.

8. SIPre INVITE request (SCC AStointermediate IM CN subsystem entities) —see examplein table A.6.2-
8

The SCC AS acting as arouting B2BUA generates a SIP INVITE request based upon the received SIP INVITE
request and the information previously stored against this session and routes it towards UE B viathe
intermediate IM CN subsystem entities.

ETSI



3GPP TS 24.237 version 9.1.0 Release 9 68 ETSI TS 124 237 V9.1.0 (2010-01)

Table A.6.2-8: SIP re-INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE sip:user2 publicl@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74 SIP/2.0

Via: SIP/2.0/UDP sccasl.homel.net;branch=z9hG4bKnas34r5

Max-Forwards: 67

Route: <sip:scscfl.homel.net:lr>

P-Asserted-Identity: <tel: +1-237-555-1111>

P-Charging-Function-Addresses: ccf=[5555::099:c88:d77:e66]; ccf=[5555::a55:b44:c33:d22];
ecf=[5555::1ff:2ee:3dd:4ee]; ecf=[5555::6aa:7bb:8cc:9dd]

P-Charging-Vector: icid-value="BzyretyU0dm+602IrT5tAFrbHLs0o=023551034"; orig-
ioi="type3homel.net"

Privacy: none

From: <tel: +1-237-555-1111>;tag=569812

To: <tel:+1-237-555-2222>; tag=26545

Call-ID: ddl3a0s09a2sdfglkj490378

Cseq:

Contact: <sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c9le6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow:

Content-Type: Content-Length:

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee
sS=

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVPF 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:gos remote none

a=des:gos mandatory local sendrecv

a=des:gos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event

a=maxptime:20

m=message 0 TCP/MSRP 98
a=accept-types:text/plain

9. SIPre INVITE request (IntermediateIM CN subsystem entitiesto UE B)
Intermediate IM CN subsystem entities forward the SIP re-INVITE request to remote UE B.
10. SIP 200 (OK) response (UE B to intermediate IM CN subsystem entities)

Upon receiving the SIP re-INVITE request containing the SDP offer, since the UE B has all resources available,
it sends immediately the SIP 200 (OK) response to the SIP re-INVITE request that contains the SDP answer. The
SDP answer indicates that the resources are available.

11. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto SCC AS)

Theintermediate IM CN subsystem entities forward the SIP 200 (OK) response to the SIP re-INVITE request to
the SCC ASin the originating network.

12-13. SIP ACK request (SCC ASto UE B vialM CN subsystem entities)

The SCC AS generates the SIP ACK request to the SIP 200 (OK) response, and forwards the SIP ACK request
to the remote UE B.

14-15. SIP 200 (OK) response (SCC ASto interworking entitiesvia M CN subsystem entities)

The SCC AS generates the SIP 200 (OK) response to the SIP INVITE request, and forwards the SIP 200 (OK)
response to the interworking entities.

16.1SUP CONNECT message (interworking entitiesto SC UE A)
17.1SUP CONNECT Response message (SC UE A to interworking entities)

18-19. SIP ACK request (interworking entitiesto SCC ASvialM CN subsystem entities)
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The interworking entities generate the SIP ACK request to the SIP 200 (OK) response, and forward it to the SCC
AS.
20. M edia paths between SC UE A and UE B:
The CS bearer is setup while the PS bearer is till existing.
21-22: SIPBYE request (SCC ASto SC UE A viaintermediate IM CN subsystem entities)

The SCC ASterminates the replaced call leg, which was using the old IP-CAN, by sending a BY E request to the
UEA.

23-24. SIP 200 (OK) response (SC UE A to SCC ASviaintermediate IM CN subsystem entities)

Upon receiving the BY E request over the old IP-CAN, the SC UE A sends a SIP 200 (OK) response over the old
IP-CAN to the SCC AS. Subsequently, the SC UE A relinquishes al resources pertaining to the old |P-CAN.

25. M edia paths between SC UE A and UE B

Finally, the session istransferred from PS bearer to CS bearer.

A.7  Signalling flows for PS-PS access transfer

A.7.1 Introduction

The signalling flows for PS-PS access transfer demonstrate how a multimedia session is transferred from Source Access
Leg to the Target Access Leg. The following signalling flows are included:

- subclause A.7.2 shows an example when all media of an ongoing communication session and the associated
signalling are transferred from Source Access Leg to the Target Access Leg; and

- subclause A.7.3 shows an example when not all media of an ongoing communication session are transferred
from the Source Access Leg to the Target Access Leg.

A.7.2 PS-PS access transfer with full media transfer

The signalling flows shown in figure A.7.2-1 describes the PS-PS access transfer procedure when all media of an
ongoing communication session and the associated signalling are transferred from one contact address of an UE to a
different contact address of the same UE. No lower-level mechanism to support the access transfer is assumed or
needed.

In this example the UE-1 is on an active multimedia session with the UE-2 via one IP-CAN. After changing to a new
IP-CAN, obtaining a new | P address, and discovering a P-CSCF, the UE-1 reserves resources in new IP-CAN prior to
initiating the PS-PS access transfer procedure. When the PS-PS access transfer procedure is completed, the UE-1
continues the multimedia session with the UE-2 on the new IP-CAN. In this example, when attaching to the new IP-
CAN, itisirrelevant whether the UE-1 uses the same P-CSCF or a new P-CSCF.

NOTE 1: Thisscenario requires that the UE-1 and the IMS network support simultaneous multiple registrations and
reguires that the UE-1 supports dual mode operation.

NOTE 2: Inthisexample flow, each call leg is uniquely identified with a respective dialog identifier consisting of
the Cal-1D, From tag, and To tag.
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HPLMN of the terminating UE

HPLMN of the originating UE

e Intermediate IM
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entities CN subsystem
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IP#1 IP#2

I I
1. UE-1 is on an active multimedia session with the UE-2. Call is anchored in SCC AS.

~ 1a. Media path over old IP-CAN
1b. Media path over old IP-CAN: -
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I
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|
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IP-CAN

5. SIP INVITE—————»|
6. Initial filter
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8. Remote leg
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23.SIPACK
24. SIP BYE
25. SIP BYE
26. SIP 200(OK) C
27. SIP 200(0K)

Figure A.7.2-1: Signalling flow for session handover

NOTE 3: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

1. UE-1lison an active session with UE-2

The UE-1isin an active session with the UE-2. The call is anchored in the SCC AS. It isirrelevant which
endpoint initiated the call. Each call leg is uniquely identified with a respective dialog identifier. The call leg
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over old IP-CAN isidentified with "Call-1D= me03a0s09a2sdfgjkl491777", "From tag=64727891", and "To
tag=774321". The UE-1 and UE-2 exchange media over the old IP-CAN, which is maintained while the UE-1
initiates the handover procedure.

2. UE-1 connectsto new IP-CAN

The UE-1 determines that a handover of the session is required. The UE-1 connects to the new IP-CAN. The
UE-1 obtains an | P address that it will use for the signalling and media.

3. UE-1registerswith intermediate IM CN subsystem entities over new |P-CAN

The UE-1 registers with the S-CSCF over the new IP-CAN using the standard registration procedure. Depending
on the UE-1 configuration, the discovery of the P-CSCF in the new IP-CAN may be needed.

4. UE-1acquiresresourcesin new |P-CAN

Based on the UE-1 and new |P-CAN capabilities, the UE-1 decides to use the same codec that was used over the
old IP-CAN. The UE-1 reserves resources (e.g. QoS) in the new IP-CAN that will be needed for the signalling
and transferred media, prior to sending the initial SIP INVITE request.

5. SIPINVITE request (UE-1tointermediate IM CN subsystem entities) - see examplein table A.7.2-5

The UE-1 sendsinitial SIP INVITE request with a new SDP offer to the UE-2 that indicates that the new call
replacesthe existing call. Theinitia SIP INVITE request establishes adialog for signalling and specifiesin the
SDP the new contact address that will be used for media over the new IP-CAN. Upon sending the initial SIP
INVITE request, the UE-1 isready to receive the RTP packets either over the new IP-CAN or the old IP-CAN.
The RTP packets may arrive over the new IP-CAN prior to the UE-1 receiving the SIP 200 (OK) response for
theinitial SIP INVITE request.

Table A.7.2-5: SIP INVITE request (UE-1 to intermediate IM CN subsystem entities)

INVITE tel:+1-212-555-2222 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd] :1357; comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscfl.homel.net:7531;1r;comp=sigcomp>, <sip:orig@scscfl.homel.net;lr>

P-Preferred-Identity: "John Doe" <sip:userl publicl@homel.nets>

P-Access-Network-Info:IEEE-802.11b

Privacy: none

From: <sip:userl publicl@homel.net>; tag=171828

To: <tel:+1-212-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

Supported: 100rel; precondition

Require: sec-agree; replaces

Replaces: me03a0s09a2sdfgjkl491777; to-tag=774321; from-tag=64727891

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; g=0.1; alg=hmac-sha-1-96; spi=87654321; portl=7531

Contact: <sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c9le6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-
service.ims.icsi.mmtel";+g.3gpp.ics="principal"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE

Accept: application/sdp; application/3gpp-ims+xml

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
S=-

c=IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:gos remote none

a=des:gos mandatory local sendrecv

a=des:gos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event

a=maxptime:20
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Request-URI: thetel-URI of the destination, i.e. the UE-2.
Require: the "replaces" option tag indicate that the support for Replace header is required.
Replaces. specifies the existing call that will be replaced with the new call.

SDP: specifiesthe new IP address that the UE-1 has acquired in the new |P-CAN, and indicates that the
resources in the new IP-CAN have been acquired.

Evaluation of initial filter criteria

Upon the evaluation of theinitial filter criteria, asthisisan originating initial SIP INVITE request for a
registered user, the S-CSCF routes the initial SIP INVITE request to the SCC AS.

SIP INVITE request (intermediate IM CN subsystem entitiesto SCC AS) - seeexamplein table A.7.2-7

Theinitial INVITE request is forwarded from intermediate IM CN subsystem entities in the home network to the
SCC AS. The SCC AS actsas arouteing B2BUA as specified in 3GPP TS 24.229 [2]. In this example the SCC
AS includes the contents of the Contact header from the received SIP INVITE request.

Table A.7.2-7: SIP INVITE request (intermediate IM CN subsystem entities to SCC AS)

(O

[UREOREURR RNV REO R R o= B e SO B!

Q

INVITE tel:+1-212-555-2222 SIP/2.0
Via: SIP/2.0/UDP scscfl.homel.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP

Max-Forwards: 67

Route: <sip:sccas.homel.net;lr>

Record-Route: <sip:scscfl.homel.net;lr>, <sip:pcscfl.homel.net;lr>
P-Asserted-Identity: "John Doe" <sip:userl publicl@homel.net>, <tel:+1-212-555-1111>
P-Access-Network-Info:Privacy:Require: replaces

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLso=023551024";0rig-

P-Charging-Function-Addresses: ccf=[5555::099:c88:d77:e66]; ccf=[5555::a55:b44:c33:d22];

From: <sip:userl publicl@homel.net>; tag=171828
To: <tel:+1-212-555-2222>

Call-ID:

Cseq:

Supported:Replaces:Contact:
Allow:Accept:Content-Type:

Content-Length: (..)

pcscfl.homel.net;branch=z9hG4bK240£34.1, SIP/2.0/UDP
[5555: :aaa:bbb:ccc:ddd] :1357; comp=sigcomp;branch=z9hG4bKnashds?7

ioi=type3ashomel.net>

ecf=[5555::1ff:2ee:3dd:4ee]; ecf=[5555::6aa:7bb:8cc:9dd]

o
o

8. Remoteleg update

The SCC AS based on the content of the Replaces header correlates the initial SIP INVITE request to the
existing local and remote call legs of the existing concatenated end to end session between the UE-1 and UE-2.
The SCC AS updates the remote call leg by sending a SIP re-INVITE request to the UE-2 containing the new
SDP offer that it has received from the UE-1.

SIPrelINVITE request (SCC AStointermediate IM CN subsystem entities) - see examplein table A.7.2-9

The UE-2 isinformed of the change in access leg by the SCC AS sending a SIP re-INVITE request to the S
CSCF.
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The SCC AS modifies the message in accordance with routeing B2BUA functionality, e.g. mapping of From,
To, Cseg and Call-ID headers from one side of the B2BUA to the other. In this example the SCC AS includes
the contents of the Contact header from the received SIP INVITE request. The SIP re-INVITE request contains
the SDP offer that isidentical to the SDP offer that the SCC ASreceived in theinitial SIP INVITE request from
the UE-1 (Step 5).

Table A.7.2-9: SIP re-INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE < sip:user2 publicl@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>SIP/2.0

Via: SIP/2.0/UDP sccas.homel.net; branch=z9hG4bK332b33.3;

Max-Forwards: 67

Route: <scscfl.homel.net;lr>,<sip:scscf2.home2.net;lr>,<sip:pcscf2.visited2.net;1lr>

P-Asserted-Identity:P-Access-Network-Info:Privacy:P-Charging-Vector: icid-
value="BzyretyU0dm+602IrT5tAFrbHLso=023551034 "

P-Charging-Function-Addresses:

From: <sip:userl publicl@homel.net>; tag=1717777

To: <tel:+1-212-555-2222>, tag=4321

Call-ID: dcl4bltl0b3teghmlk5013333

Cseq: 111 INVITE

Supported:

Contact: < sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c9le6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: Accept: application/sdp

Content-Type:

Content-Length: (..)

v=0

0=2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
S=-

c= IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a= curr:gos local sendrecv

a= curr:gos remote none

a= des:gos mandatory local sendrecv

a= des:gos none remote sendrecv

a= rtpmap:97 AMR

a= fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a= rtpmap:96 telephone-event

a= maxptime:20

Route:  The SIP re-INVITE request contains the saved list of Route headers that the SCC AS has saved for the
remote leg of the call.

10. SIP re-INVITE request (intermediate IM CN subsystem entitiesto intermediate IM CN subsystem
entities) - see examplein table A.7.2-10

In the originating network, the intermediate IM CN subsystem entities forward the SIP re-INVITE request to the
intermediate IM CN subsystem entities in the terminating network.
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Table A.7.2-10: SIP re-INVITE request (intermediate IM CN subsystem entities to intermediate IM CN
subsystem entities)

INVITE < sip:user2 publicl@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>SIP/2.0

Via: SIP/2.0/UDP scscfl.homel.net;branch=z9hG4bK240f34.1, SIP/2.0/UDP sccas.homel.net;
branch=z9hG4bK332b33.3;

Max-Forwards: 66

Route: <sip:scscf2.home2.net;lr>, <sip:pcscf2.visited2.net;lr>

P-Asserted-Identity:

Privacy: none

From:

To:

Call-ID:

Cseq:Supported:Contact: <sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c9le6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow:

Accept:

Content-TypeContent-Length:

11. SIPre-INVITE request (intermediate IM CN subsystem entitiesto UE-2)

In the terminating network, the SIP re-INVITE request is forwarded towards the UE-2 by the intermediate IM
CN subsystem entities.

12. M edia paths between UE-1 and UE-2

The UE-2 receives the SIP re-INVITE request containing the SDP offer that indicates that the UE-1 isready to
receive the same media on a different contact address. Since the UE-2 has resources aready available, it startsto
send the media to the UE-1's contact address specified in the SDP offer immediately.

The UE-1 will be receiving the RTP packets over new IP-CAN. However, the UE-1 can receive some out-of-
sequence RTP packets over the old IP-CAN. The RTP packets are delivered to the codec in sequence. Once the
UE-1 determine that no media will be received over the old IP-CAN (e.g. by examining the sequence numbersin
the RTP headers), it can relinquish the resources that it has been using for incoming media on the old IP-CAN.

The UE-1 sends the mediato the UE-2 over the old IP-CAN.
Resources used for signalling on the old IP-CAN are not rel eased.
13. SIP 200 (OK) response (UE-2 to intermediate IM CN subsystem entities)

Upon receiving the SIP re-INVITE request containing the SDP offer, since the UE-2 has all resources available,
it sends immediately the SIP 200 (OK) response to the SIP re-INVITE request that contains the SDP answer. The
SDP answer indicates that the resources are available.

14. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto intermediate IM CN subsystem entities)

In the terminating network, the intermediate IM CN subsystem entities forward the SIP 200 (OK) response to the
SIPre-INVITE request to the intermediate IM CN subsystem entities in the originating network.

15. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto SCC AS)

Theintermediate IM CN subsystem entities in the originating network forward SIP the 200 (OK) response to the
SIP re-INVITE request to the SCC AS.
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16.SIP ACK request (SCC AStointermediate IM CN subsystem entities)

The SCC AS acting asa B2BUA acknowledges the receipt of the SIP 200 (OK) response to the SIP re-INVITE
reguest by forwards a SIP ACK request to the intermediate IM CN subsystem entities.

17.SIP ACK request (intermediate IM CN subsystem entitiesto intermediate IM CN subsystem entities)

In the originating network, the intermediate IM CN subsystem entities forward the SIP ACK request to the
intermediate IM CN subsystem entities in the terminating network.

18. SIP ACK request (intermediate IM CN subsystem entitiesto UE-2)

In the terminating network, the intermediate IM CN subsystem entities forward the SIP ACK request to the UE-
2.

19. SIP 200 (OK) response (SCC ASto intermediate IM CN subsystem entities)

The SCC AS forwards the SIP 200 (OK) response to the initial SIP INVITE request to the intermediate IM CN
subsystem entities, using the content of the Via header that was received in theinitial INVITE request (step 5).

The SCC AS modifies the message in accordance with routeing B2BUA functionality, e.g. mapping of From,
To, Cseg and Call-ID headers from one side of the B2BUA to the other. The SIP 200 (OK) response to the initial
SIP INVITE request contains the SDP answer that isidentical to the SDP answer that the SCC AS has received
in the SIP 200 (OK) response to SIP re-INVITE request from the UE-2 (Step 13).

20. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto UE-1)
The intermediate IM CN subsystem entities forward the SIP 200 (OK) response to the UE-1.
21. Media paths between UE-1 and UE-2

The UE-1 receives the SIP 200 (OK) response containing the SDP answer that indicates that the UE-2 is ready to
receive media. Since the UE-1 has already resources available, it starts to send media over new IP-CAN to the
UE-2's contact address specified in the SDP answer immediately.

The UE-1 may relinquish the resources that it has been using for outgoing media on the old IP-CAN.
Resources used for signalling on the old IP-CAN are not rel eased.
22.SIP ACK request (UE-1tointermediate IM CN subsystem entities)

The UE-1 completes the new call leg creation with a SIP ACK request sent to the intermediate IM CN subsystem
entities.

23.SIP ACK request (-intermediate IM CN subsystem entitiesto SCC AS)
Theintermediate IM CN subsystem entities forward the SIP ACK request to the SCC AS.
24.SIPBYE request (SCC ASto intermediate IM CN subsystem entities)

The SCC AS terminates the replaced call leg- that was using the old IP-CAN, by sending a SIP BY E request to
the UE-1.

25.SIP BYE request (intermediate IM CN subsystem entitiesto UE-1)
The intermediate IM CN subsystem entities forward the BY E request to the UE-1.
26. SIP 200 (OK) response (UE-1 to intermediate IM CN subsystem entities)

Upon receiving the SIP BY E request over the old IP-CAN, the UE-1 sends a SIP 200 (OK) response over the old
IP-CAN. Subsequently, the UE-1 relinquishes all resources pertaining to the old |P-CAN.

27.SIP 200 (OK) response (intermediate IM CN subsystem entitiesto SCC AS)
Theintermediate IM CN subsystem entities forward the SIP 200 (OK) response to the SCC AS.
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A.7.3 PS-PS access transfer with partial media transfer

The signalling flows shown in figure A.7.3-1 describes the PS-PS access transfer procedure when not all media of an
ongoing communication session are transferred from the Source Access Leg to the Target Access Leg. No lower-level
mechanism to support the access transfer is assumed or needed.

In this example, UE-1 is on an active multimedia session with UE-2 via one IP-CAN. After connecting to an additional
IP-CAN, obtaining an additional 1P address, discovering a P-CSCF, and performing IM S registration, UE-1 reserves
resourcesin the new IP-CAN prior to initiating the PS-PS access transfer procedure. When the PS-PS access transfer
procedure is completed, UE-1 continues the multimedia session with UE-2 on both the old and the new IP-CANSs. In
this example, when attaching to the new IP-CAN, it isirrelevant whether the UE-1 uses the same P-CSCF or a new
P-CSCF.

NOTE 1: Thisscenario requires that UE-1 and the IMS network support simultaneous multiple registrations and
reguires that UE-1 supports dual mode operation.
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Figure A.7.3-1: Signalling flow for PS-PS session transfer with partial media transfer

NOTE 2: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

1. UE-1lison an active session with UE-2

UE-1isin an active session with UE-2. The call isanchored in the SCC AS. It isirrelevant which endpoint
initiated the call. Each call leg is uniquely identified with a respective dialog identifier. The call leg over IP-
CAN #lisidentified with " Call-ID= me03a0s09a2sdfgjkl491777", "From tag=64727891", and "To
tag=774321". UE-1 and UE-2 exchange media over the IP-CAN #1, which is maintained while the UE-1 initiates
the session transfer procedure.

2. UE-1connectsto |P-CAN #2

ETSI



3GPP TS 24.237 version 9.1.0 Release 9 78 ETSI TS 124 237 V9.1.0 (2010-01)

UE-1 connectsto the new IP-CAN and obtains an | P address that it will use for the signalling and media.
3. UE-1lregisterswith intermediate IM CN subsystem entities over |P-CAN #2

UE-1 registers with the S-CSCF over the IP-CAN #2 using the standard registration procedure. The P-CSCF in
the signalling path of this registration may be distinct from the one used in the signalling path over IP-CAN #1.

4. UE-1acquiresresourcesin |P-CAN #2

UE-1 decides to perform partial mediatransfer to the IP-CAN #2. Based on UE-1 and IP-CAN #2 capabilities,
the UE-1 decides to use the same codec that was used over the IP-CAN #1 for the media components to be
transferred. UE-1 ensures that the resources (e.g. QoS) in IP-CAN #2 that will be needed for the signalling and
transferred media are available, prior to sending the initial SIP INVITE request.

5. SIPINVITE request (UE-1tointermediate IM CN subsystem entities) - see examplein table A.7.3-5

UE-1 sendsinitial SIP INVITE request with a new SDP offer to UE-2 and indicates that the video component is
to betransferred to IP-CAN #2. Theinitial SIP INVITE request establishes adialog for signalling and specifies
in the SDP new contact address that will be used for media over IP-CAN #2. Upon sending the initial SIP
INVITE request, UE-1 is ready to receive the RTP packets over both IP-CAN #1 and IP-CAN #2.

Table A.7.3-5: SIP INVITE request (UE-1 to intermediate IM CN subsystem entities)

INVITE tel:+1-212-555-2222 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd] :1357; comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: sip:pcscfl.homel.net:7531;1lr;comp=sigcomp>, <sip:orig@scscfl.homel.net;lr>

P-Preferred-Identity: "John Doe" <sip:userl publicl@homel.net>

P-Access-Network-Info:IEEE-802.11b

Privacy: none

From: <sip:userl publicl@homel.net>; tag=171828

To: <tel:+1-212-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

Supported: 100rel; precondition

Require: sec-agree; tdialog

Target-Dialog: me03a0s09a2sdfgjkl491777; remote-tag=774321; local-tag=64727891

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; g=0.1; alg=hmac-sha-1-96; spi=87654321; portl=7531

Contact: < sip:userl_publicl@homel.net;gr=urn:uuid:f81ld4fae-7dec-11d0-a765-
00a0c9le6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-
service.ims.icsi.mmtel";+g.3gpp.ics="principal";

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE

Accept: application/sdp; application/3gpp-ims+xml

Content-Type: application/sdp

Content-Length: (..)

[N -]

2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

N IP6 5555::aaa:bbb:ccc:ddd

0
m=audio 0 RTP/AVP 97 96
a=rtpmap:97 AMR
a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event
m=video 3400 RTP/AVP 98 99
b=AS:75
a=curr:qos local sendrecv
a=curr:gos remote none
a=des:gos mandatory local sendrecv
a=des:gos none remote sendrecv
a=rtpmap:98 H263
a=fmtp:98 profile-level-id=0
a=rtpmap:99 MP4V-ES

Qn o0 <«
[T
o H 1

Request-URI: thetel-URI of the destination, i.e. the UE-2.
Require: the"tdialog" option tag indicate that the support for Target-Dialog header is required.

Target-Dialog: specifiesthe existing call that will be transferred.
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SDP:  specifies the new I P address that the UE-1 has acquired in the new IP-CAN, and indicates that only the
video component will be transferred and the resources in the new IP-CAN have been reserved.

6. Evaluation of initial filter criteria

Upon the evaluation of theinitial filter criteria, asthisisan originating initial SIP INVITE request for a
registered user, the S-CSCF routes the initial SIP INVITE request to the SCC AS.

7. SIPINVITE request (intermediate IM CN subsystem entitiesto SCC AS)

Theinitial SIP INVITE reguest is forwarded from intermediate IM CN subsystem entities in the home network
to the SCC AS. The SCC AS acts as arouteing B2BUA as specified in 3GPP TS 24.229 [2].

8. Remoteleg update

Based on the content of the Target-Dialog header, the SCC AS correlates the SIP INVITE request for session
transfer to the existing local and remote call legs of the existing concatenated end to end session between UE-1
and UE-2. The SCC AS updates the remote call leg by sending a SIP re-INVITE request to the UE-2 containing
the new SDP offer based on the partial media transfer request received from UE-1 and the negotiated SDP for
the original session.

9. SIPreINVITE request (SCC ASto intermediate IM CN subsystem entities) - see examplein table A.7.3-9
UE-2 isinformed of the change in access leg by the SCC AS sending are-INVITE request to the S-CSCF.

The SCC AS modifies the message in accordance with routeing B2BUA functionality, e.g. mapping of From,
To, Cseg and Call-ID headers from one side of the B2BUA to the other. In this example the SCC AS includes
the contents of the Contact header from the received SIP INVITE request. The SIP re-INVITE request contains
the SDP offer that isbased on original SDP offer and the SDP offer that the SCC AS received in theinitial SIP
INVITE request from the UE-1 (Step 7).
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Table A.7.3-9: SIP re-INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE < sip:user2 publicl@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>SIP/2.0>

Via: SIP/2.0/UDP sccas.homel.net; branch=z9hG4bK332b33.3;

Max-Forwards: 70

Route: <scscfl.homel.net;lr>, <sip:scscf2.home2.net;lr>, <sip:pcscf2.visited2.net;lr>

P-Asserted-Identity: "John Doe" <sip:userl publicl@homel.net>, <tel:+1-212-555-1111>

Privacy: none

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLs0o=023551024"

P-Charging-Function-Addresses:

From: <sip:userl publicl@homel.net>; tag=1717777

To: <tel:+1-212-555-2222>, tag=4321

Call-ID: dcl4bltl0b3teghmlk5013333

Cseq: 111 INVITE

Supported: precondition, 100rel

Contact:<sip:userl publicl@homel.net; gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c9le6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE

Accept: application/sdp

Content-Type: application/sdp

Content-Length: (..)

v=0

0=2987933100 2987933101 IN IP6 5555::aaa:bbb:ccc:eee
S=-

t

00

m=audio 3456 RTP/AVP 97 96

c=IN IP6 5555::aaa:bbb:ccc:eee
b=AS:25.4

a= curr:gos local sendrecv

a= curr:gos remote none

a= des:gos mandatory local sendrecv
a= des:gos none remote sendrecv

a= rtpmap:97 AMR

a= fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a= rtpmap:96 telephone-event

a= maxptime:20

m=video 3400 RTP/AVP 98 99

c=IN IP6 5555::aaa:bbb:ccc:ddd
b=AS:75

a=curr:gos local sendrecv
a=curr:gos remote none

a=des:gos mandatory local sendrecv
a=des:gos none remote sendrecv
a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0
a=rtpmap:99 MP4V-ES

Route:  The SIP re-INVITE request contains the saved list of Route headers that the SCC AS has saved for the
remote leg of the call.

SDP: specifies the new IP address and ports used for the media components. In this case, the audio component is
still using the original address and port while the video component is using the new IP address and new port
allocated.

10. SIPre-INVITE request (intermediate IM CN subsystem entitiesto intermediate IM CN subsystem
entities)

In the originating network, the intermediate IM CN subsystem entities forward the SIP re-INVITE request to the
intermediate IM CN subsystem entities in the terminating network.

11. SIPre-INVITE request (intermediate IM CN subsystem entitiesto UE-2)

In the terminating network, the SIP re-INVITE request is forwarded towards UE-2 by the intermediate IM CN
subsystem entities.

UE-2 receivesthe SIP re-INVITE request containing the SDP offer that indicates that UE-1 is ready to receive
video media on a different contact address. Since UE-2 has resources aready available, it starts to send the
mediato UE-1's contact address specified in the SDP offer immediately.

UE-1 starts receiving the video RTP packets over IP-CAN #2. However, UE-1 may receive some out-of -
sequence video RTP packets over IP-CAN #1. The video RTP packets are delivered to the codec in sequence.
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Once UE-1 determine that no video will be received over IP-CAN #1 (e.g. by examining the sequence numbers
in the RTP headers), it may relinquish the resources that it has been using for incoming video mediaon IP-CAN
#1.

At the sametime, UE-1 still sends both the audio and video mediato UE-2 over IP-CAN #1.
Resources used for signalling on IP-CAN #1 are not rel eased.
12. SIP 200 (OK) response (UE-2 to intermediate IM CN subsystem entities) — see examplein table A.7.3-12

Upon receiving the SIP re-INVITE request containing the SDP offer, since UE-2 has all resources available, it
sends immediately the SIP 200 (OK) response to the SIP re-INVITE request that contains the SDP answer. The
SDP answer indicates that the resources are available.

Table A.7.3-12: SIP 200 (OK) response (UE-2 to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net:5088;comp=sigcomp;branch=z9hG4bK361k21.1,
SIP/2.0/UDP scscf2.home2.net;branch=z9hG4bK764z87.1,
SIP/2.0/UDP scscfl.homel.net;branch=z9hG4bK332b23.1,
SIP/2.0/UDP sccas.homel.net;branch=z9hG4bK332b33.3

Record-Route: <sip:pcscf2.visited2.net:5088;1lr;comp=sigcomp>, <sip:scscf2.home2.net;lr>,
<sip:scscfl.homel.net;lr>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151DOFCE11l

Privacy: none

From: <sip:userl publicl@homel.net>; tag=1717777

To: <tel:+1-212-555-2222>;tag=4321

Call-ID: dcl4bltl0b3teghmlk5013333

CSeq: 111 INVITE

Supported: precondition, 100rel

Contact: <sip:user2 publicl@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-
ad76cc7fc74>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel" >

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933623 2987933624 IN IP6 5555::eee:fff:aaa:bbb
S=-

c=IN IP6 5555::eece:fff:aaa:bbb

t=0 0

m=audio 6544 RTP/AVP 97 96
b=AS:25.4

a=curr:qos local sendrecv
a=curr:gos remote sendrecv
a=des:gos mandatory local sendrecv
a=des:gos mandatory remote sendrecv
a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event
a=maxptime:20

m=video 10001 RTP/AVP 98 99

b=AS:75

a=curr:gos local sendrecv
a=curr:gos remote sendrecv
a=des:gos mandatory local sendrecv
a=des:gos mandatory remote sendrecv
a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0
a=rtpmap:99 MP4V-ES

13. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto intermediate IM CN subsystem
entities)

In the terminating network, the intermediate IM CN subsystem entities forward the SIP 200 (OK) response to the
SIPre-INVITE request to the intermediate IM CN subsystem entities in the originating network.

14. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto SCC AS)

Theintermediate IM CN subsystem entities in the originating network forward the SIP 200 (OK) response to the
SIPre-INVITE request to the SCC AS.
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15. SIP ACK request (SCC AStointermediate IM CN subsystem entities)

The SCC AS acting asa B2BUA acknowledges the receipt of the SIP 200 (OK) response to the SIP re-INVITE
reguest by forwards a SIP ACK request to the intermediate IM CN subsystem entities.

16. SIP ACK request (intermediate IM CN subsystem entitiesto intermediate IM CN subsystem entities)

In the originating network, the intermediate IM CN subsystem entities forward the SIP ACK request to the
intermediate IM CN subsystem entities in the terminating network.

17. SIP ACK request (intermediate IM CN subsystem entitiesto UE-2)
In the terminating network, the intermediate IM CN subsystem entities forward the SIP ACK request to UE-2.

18. SIP 200 (OK) response (SCC AStointermediate IM CN subsystem entities) — see examplein table A.7.3-
18

The SCC AS forwards the SIP 200 (OK) response to the initial SIP INVITE request to the intermediate IM CN
subsystem entities, using the content of the Via header that was received in theinitial SIP INVITE request (step
5).

The SCC AS modifies the message in accordance with routeing B2BUA functionality, e.g. mapping of From,
To, Cseg and Call-ID headers from one side of the B2BUA to the other. In this example the SCC AS includes
the contents of the Contact header from the received SIP 200 (OK) response. The SIP 200 (OK) response to the
initial SIP INVITE request contains the SDP answer derived from the SDP answer that the SCC AS has received
in the SIP 200 (OK) response to SIP re-INVITE request from UE-2 (Step 14).

Table A.7.3-18: SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities)

SIP/2.0 200 OK
Via: SIP/2.0/UDP scscfl.homel.net;branch=z9hG4bK332b23.1,

SIP/2.0/UDP pcscfl.homel.net;branch=z9hG4bK240£34.1,

SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd] :1357;comp=sigcomp;branch=z9hG4bKnashds7
Record-Route: <sip:sccas.homel.net;lr>,<sip:scscfl.homel.net;lr>, <sip:pcscfl.homel.net;lr>
Privacy: none
From: <sip:userl publicl@homel.net>; tag=171828
To: <tel:+1-212-555-2222>;tag=8009
Call-ID: cb03a0s09a2sdfglkj490333
Cseq: 127 INVITE
Supported: 100rel; precondition
Contact: < sip:user2 publicl@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-

ad76cc7fc74>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE
Accept: application/sdp;

Content-Type: application/sdp
Content-Length: (..)

[N -]

2987933300 2987933300 IN IP6 5555::eee:fff:aaa:bbb

N IP6 5555::eee:fff:aaa:bbb

0
m=audio 0 RTP/AVP 97 96
a=rtpmap:97 AMR
a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event
m=video 10001 RTP/AVP 98 99
b=AS:75
a=curr:qos local sendrecv
a=curr:gos remote sendrecv
a=des:gos mandatory local sendrecv
a=des:gos mandatory remote sendrecv
a=rtpmap:98 H263
a=fmtp:98 profile-level-id=0
a=rtpmap:99 MP4V-ES

aQn o <
[T T
o H 1

19. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto UE-1)
The intermediate IM CN subsystem entities forward the SIP 200 (OK) response to UE-1.
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UE-1 receives the SIP 200 (OK) response containing the SDP answer indicating that UE-2 is ready to receive
media. Since UE-1 has aready resources available, it startsto send video media over IP-CAN #2 to UE-2's
contact address specified in the SDP answer immediately.

The UE-1 may relinquish the resources that it has been using for outgoing video media on IP-CAN #1.
Resources used for signalling and audio media on IP-CAN #1 are not released.
20. SIP ACK request (UE-1tointermediate IM CN subsystem entities)

UE-1 completes the new call leg creation with a SIP ACK request sent to the intermediate IM CN subsystem
entities.

21. SIP ACK request (intermediate IM CN subsystem entitiesto SCC AS)
The intermediate IM CN subsystem entities forward the SIP ACK request to the SCC AS.
22. SIPre INVITE request (UE-1tointermediate IM CN subsystem entities) — see examplein table A.7.3-22

UE-1 updates the old call leg on IP-CAN #1 by sending a SIP re-INVITE request to the intermediate IM CN
subsystem entities.

Table A.7.3-22: SIP re-INVITE request (UE-1 to intermediate IM CN subsystem entities)

INVITE <sip:user2 publicl@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74> SIP/2.0
Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:eee] :2468;comp=sigcomp;branch=z9hG4bKashdnsl
Max-Forwards: 70
Route: sip:pcscfl.homel.net:8765;1r;comp=sigcomp>, <sip:orig@scscfl.homel.net;lr>
P-Access-Network-Info: 3GPP-UTRAN-FDD; utran-cell-id-3gpp=123456ABCDE22
Privacy: none
From: <sip:userl publicl@homel.net>; tag=64727891
To: <tel:+1-212-555-2222>; tag=774321
Call-ID: me03a0s09a2sdfgjkl491777
Cseqg: 101 INVITE
Supported: 100rel; precondition; tdialog
Require: sec-agree;
Proxy-Require: sec-agree
Security-Verify: ipsec-3gpp; g=0.1; alg=hmac-sha-1-96; spi=12345678; portl=2468
Contact: <sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c9le6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-
service.ims.icsi.mmtel"; +g.3gpp.ics="principal";
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE
Accept: application/sdp; application/3gpp-ims+xml
Content-Type: application/sdp
Content-Length: (..)

v=0

o=- 2987933000 2987933001 IN IP6 5555::aaa:bbb:ccc:eee
S=-

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event

m=video 0 RTP/AVP 98 99

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

a=rtpmap:99 MP4V-ES

23. SIPreINVITE request (intermediate IM CN subsystem entitiesto SCC AS)
Theintermediate IM CN subsystem entities forward the SIP re-INVITE request to the SCC AS.

24. SIP 200 (OK) response (SCC AStointermediate IM CN subsystem entities) — see examplein table A.7.3-
24

The SCC AS updates the old call leg based on the SIP re-INVITE request and sends the SIP 200 (OK) response
to the SIP re-INVITE request to the intermediate IM CN subsystem entities, using the content of the Via header
that was received in the SIP re-INVITE request (step 23). In this example the SCC AS includes the contents of
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the Contact header from the received SIP 200 (OK) response. The SIP 200 (OK) response to the SIP re-INVITE
request contains the SDP answer derived from the SDP answer that the SCC AS previously received from UE-2
(Step 14).

Table A.7.3-24: SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities)

SIP/2.0 200 OK
Via: SIP/2.0/UDP scscfl.homel.net;branch=z9hG4bK345b32.2,

SIP/2.0/UDP pcscfl.homel.net;branch=z9hG4bK568£35.1,

SIP/2.0/UDP [5555::aaa:bbb:ccc:eee] :2468; comp=sigcomp;branch=z9hG4bKashdnsl
Record-Route: <sccas.homel.net;lr>,<sip:scscfl.homel.net;lr>, <sip:pcscfl.homel.net;lr>
Privacy: none
From: <sip:userl publicl@homel.net>; tag=64727891
To: <tel:+1-212-555-2222>;tag=774321
Call-ID: me03a0s09a2sdfgjkl491777
Cseqg: 101 INVITE
Supported: 100rel; precondition
Contact: < sip:user2 publicl@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-

ad76cc7fc74>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE
Accept: application/sdp;

Content-Type: application/sdp
Content-Length: (..)

v=0

o=- 2987933800 2987933801 IN IP6 5555::eee:fff:aaa:bbb
S=-

c=IN IP6 5555::eee:fff:aaa:bbb

t=0 0

m=audio 6544 RTP/AVP 97 96

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event

m=video 0 RTP/AVP 98 99

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

a=rtpmap:99 MP4V-ES

25. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto UE-1)
The intermediate IM CN subsystem entities forward the SIP 200 (OK) response to UE-1.
26. SIP ACK request (UE-1tointermediate IM CN subsystem entities)

UE-1 completes the old call leg update with a SIP ACK request sent to the intermediate IM CN subsystem
entities.

27. SIP ACK request (intermediate|M CN subsystem entitiesto SCC AS)
Theintermediate IM CN subsystem entities forward the SIP ACK request to the SCC AS.

A.8 Signalling flows for PS-PS access transfer in
conjunction with PS-CS access transfer

A.8.1 Introduction

The signalling flows for PS-PS access transfer conjunction with PS-CS access transfer demonstrate how a multimedia
session is tranferred from Source Access Leg to the Target Access Leg. The following signalling flows are included:

- subclause A.8.2 shows an example when a multimedia session is transferred from one IP-CAN to anew |P-CAN
and the CS bearer respectively ; and

- subclause A.8.3 shows an example when a multimedia session is transferred from one IP-CAN and CS bearer to
anew |P-CAN.
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A.8.2 PS - PS in conjunction with PS - CS Access Transfer: PS to
CS

In thisexample, SC UE A has an ongoing multimedia session with remote UE B over IP-CAN#1 before access transfer.
When SC UE connects to a new IP-CAN#2, it decides to transfer the multimedia session over the new IP-CAN#2 and
the CS bearer respectively.
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Figure A.8.2-1: Signalling flow for PS - PS in conjunction with PS - CS Access Transfer: PSto CS

NOTE 1: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.
1. SC UE A hasan ongoing multimedia session with remote UE B

The call has been anchored at the SCC AS which isinthe HPLMN of originating SC UE A. The call leg over
old IP-CAN isidentified with "Call-ID= me03a0s09a2sdfgjkl491777", " From tag=64727891", and "To
tag=774321". The UE A and UE B exchange media over the old IP-CAN, which is maintained while the SC UE
A initiates the handover procedure.

Table A.8.2-1 shows an example of the SDP offer from SC UE A to remote UE B.

NOTE 2: To later show how the mediais transferred to the new IP-CAN and CS bearer, only the SDP offer is
shownintable A.8.2-1.

Table A.8.2-1: SIP INVITE request (SC UE A to intermediate IM CN subsystem entities)

INVITE tel:+1-237-555-2222 SIP/2.0
Via:

Max-Forwards:

Route:
P-Asserted-Identity:
P-Charging-Vector:
P-Access-Network-Info:
Privacy:

From:

To:

Call-ID:

Cseq:

Supported:

Require:
Proxy-Require:
Security-Verify:
Contact:

Allow:

Accept:
Content-Type:
Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
S=

c=IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:gos local sendrecv

a=curr:gos remote none

a=des:gos mandatory local sendrecv

a=des:gos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event

a=maxptime:20

m=message 7654 TCP/MSRP 98
a=accept-types:text/plain

2. SC UE A connectsto a new | P-CAN#2:

The SC UE A decidesto transfer the multimedia session over the new IP-CAN and CS bearer respectively. The
UE A obtains an |P address that it will use for the signalling and media. It registers with the S-CSCF over the
new IP-CAN using multiple registrations procedure. Depending on the UE A configuration, the discovery of the
P-CSCF in the new IP-CAN may be needed. Based on the UE A and new |P-CAN capabilities, the UE A decides
to use the same codec that was used over the old IP-CAN. The UE A reserves resources (e.g. QoS) in the new
IP-CAN that will be needed for the signalling and transferred media, prior to sending theinitial SIP INVITE
request.

3. SIPINVITE request (SC UE A tointermediate IM CN subsystem entities)- see examplein table A.8.2-3
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The SC UE A sendsaninitial SIP INVITE request with a STI and anew SDP offer to the UE B that indicates
that the new call replaces the existing call. Theinitial SIP INVITE request establishes adialog for signalling and
specifiesin the SDP a new contact address that will be used for non-realtime media over the new IP-CAN. Upon
sending theinitial SIP INVITE request, the UE A isready to receive the RTP packets either over the new IP-
CAN or the old IP-CAN. The RTP packets may arrive over the new IP-CAN prior to the SC UE are receiving
the SIP 200 (OK) response for theinitial SIP INVITE request.

Table A.8.2-3: SIP INVITE request (UE A to intermediate IM CN subsystem entities)

INVITE tel:+1-237-555-2222 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:fff] :1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: sip:pcscfl.homel.net:7531;1r;comp=sigcomp>, <sip:orig@scscfl.homel.net;lr>

P-Preferred-Identity: "John Doe" <sip:userl publicl@homel.net>

P-Access-Network-Info: IEEE-802.11b

Privacy: none

From: <sip:userl publicl@homel.net>; tag=171828

To: <tel:+1-237-555-2222>

Call-ID: cb03a0s09a2sdfglkj490237

Cseq: 127 INVITE

Supported: 100rel; precondition

Require: sec-agree

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; g=0.1; alg=hmac-sha-1-96; spi=87654321; portl=7531

Contact: <sip:userl publicl@homel.net; gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c9le6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-
service.ims.icsi.mmtel";+g.3gpp.ics="principal";

Target-Dialog:me03a0s09a2sdfgjkl491777; to-tag=774321; from-tag=64727891

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE

Accept: application/sdp; application/3gpp-ims+xml

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:fff
S=

t=0 0

m=audio 0 RTP/AVP 97 96

c=IN IP6 5555::aaa:bbb:ccc:ddd

b=AS:25.4

a=curr:gos local sendrecv

a=curr:gos remote none

a=des:gos mandatory local sendrecv

a=des:gos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event

a=maxptime:20

m=message 7654 TCP/MSRP 98

c=IN IP6 5555::aaa:bbb:ccc:fff
a=accept-types:text/plain

4. Evaluation of initial filter criteria

The S-CSCF evaluates initial filter criteriafor the served SC user and as aresult routes the SIP INVITE request
towards the SCC AS.

5. SIPINVITE request (intermediate IM CN subsystem entitiesto SCC AS)
The SIPINVITE request is forwarded to the SCC AS as the result of the evaluation of iFC.
6. Remote Leg Update

The SCC ASidentifies the session to be transferred using the STI. The SCC AS performs the Remote Leg
update by sending the SIP re-INVITE request towards the Remote Leg.

7. SIPre- INVITE request (SCC AStointermediate IM CN subsystem entities)- See examplein table A.8.2-7

The SCC AS modifies the message in accordance with routeing B2BUA functionality, e.g. mapping of From,
To, Cseq and Call-1D headers from one side of the B2BUA to the other. In this example the SCC AS includes
the contents of the Contact header from the received SIP INVITE request. The SIP re-INVITE request contains
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the SDP offer that isidentical to the SDP offer that the SCC ASreceived in theinitial SIP INVITE request from
the UE A (Step 3).

Table A.8.2-7: SIP re-INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE < sip:user2 publicl@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>; SIP/2.0

Via: SIP/2.0/UDP sccas.homel.net; branch=z9hG4bK332b33.3;

Max-Forwards: 67

Route: <scscfl.homel.net;lr >,<sip:scscf2.home2.net;lr>, <sip:pcscf2.visited2.net;lr>

P-Asserted-Identity: "John Doe" <sip:userl publicl@homel.net>, <tel:+1-237-555-1111>

P-Access-Network-Info: IEEE-802.11b

Privacy: none

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLs0=023551024"

P-Charging-Function-Addresses:

From: <sip:userl publicl@homel.net>; tag=1717777

To: <tel:+1-237-555-2222>, tag=4321

Call-ID: dcl4bltl0b3teghmlk5013237

Cseq: 111 INVITE

Supported: precondition, 100rel

Contact:< sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c9le6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE

Accept: application/sdp

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:fff

s=t=0 0

m=audio 0 RTP/AVP 97 96

c=IN IP6 5555::aaa:bbb:ccc:ddd

b=AS:25.4

a=curr:gos local sendrecv

a=curr:gos remote none

a=des:gos mandatory local sendrecv

a=des:gos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20

m=message 7654 TCP/MSRP 98

c=IN IP6 5555::aaa:bbb:ccc:fff

a=accept-types:text/plain

8. SIPre INVITE request (Intermediate IM CN subsystem entitiesto UE B)

The intermediate IM CN subsystem entities forwards the SIP re-INVITE request to remote UE B.
9-10: SIP 200 (OK) response (UE B to SCC ASvialntermediate IM CN subsystem entities)

The UE B generates the SIP 200 (OK) response to the SIP re-INVITE request and forwards it to the SCC AS.
11-12: SIP ACK request (SCC ASto UE B via Intermediate IM CN subsystem entities)

The SCC AS generates the SIP ACK reguest to the SIP 200 (OK) response and forwards it to the remote UE B.
13-14: SIP 200 (OK) response (SCC ASto UE A via Intermediate IM CN subsystem entities)

The SCC AS generates the SIP 200 (OK) response to the SIP INVITE request and forwardsit to the SC UE A.
15-16: SIP ACK request (SC UE A to SCC ASvialntermediate IM CN subsystem entities)

The SC UE A generates the SIP ACK reguest to the SIP 200 (OK) response and forwardsit to the SCC AS
17. M edia paths between UE A and UE B

The non-realtime mediais using the new IP-CAN while the realtime media path is still over the old IP-CAN.
18. SETUP message (SC UE A to Interworking entities)

The SC UE sends the CS SETUP message with the STN as the called party number.
NOTE 3: STNisaPSI DN used by the UE to request a session transfer towards the SCC AS.
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19. SIPINVITE request (Interworking entitiesto Intermediate IM CN subsystem entities) -see examplein
Table A.8.2-19

Table A.8.2-19: SIP INVITE request (interworking entities to intermediate IM CN subsystem entities)

INVITE tel:+1-237-555-3333 SIP/2.0

Via: SIP/2.0/UDP mscl.homel.net; branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:icscfl.homel.net:7531;1r;comp=sigcomp>

P-Asserted-Identity: <tel: +1-237-555-1111>

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLs0o=023551024"; orig-ioi=homel.net
Privacy: none

From: <tel: +1-237-555-1111>;tag=171828

To: <tel:+1-237-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

Supported: 100rel, precondition

Require: sec-agree

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; g=0.1; alg=hmac-sha-1-96; spi=87654321; port=7531

Contact: <sip:mgcf2.home2.net;gr>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Accept: application/sdp, application/3gpp-ims+xml

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee
S=

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:gos remote none

a=des:gos mandatory local sendrecv

a=des:gos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event

a=maxptime:20

Request-URI:  containsthe IMRN, as obtained from CS networks signalling.
SDP: The SDP contains preconfigured set of codecs supported by the MGW.
20. Evaluation of initial filter criteria

The S-CSCF evauatesinitial filter criteriafor the served SC user and as aresult routes the SIP INVITE request
towards the SCC AS.

21.SIPINVITE request (Intermediate IM CN subsystem entitiesto SCC AS)
22. Remote L eg Update
The SCC AS performs the Remote Leg update by sending the SIP re-INVITE request towards the Remote Leg.

23. SIPre-INVITE reguest (SCC ASto intermediate IM CN subsystem entities) —see examplein table A.8.2-
23

The SCC AS acting as arouting B2BUA generates a SIP INVITE request based upon the received SIP INVITE
reguest and the information previously stored against this session and routes it towards UE B viathe
intermediate IM CN subsystem entities. In this example the SCC AS includes the contents of the Contact header
from the received SIP INVITE request.
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Table A.8.2-23: SIP re-INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE < sip:user2 publicl@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74>SIP/2.0

Via: SIP/2.0/UDP sccasl.homel.net;branch=z9hG4bKnas34r5

Max-Forwards: 67

Route: <sip:scscfl.homel.net:lr>

P-Asserted-Identity: <tel: +1-237-555-1111>

P-Charging-Function-Addresses: ccf=[5555::099:c88:d77:e66]; ccf=[5555::a55:b44:c33:d22];
ecf=[5555::1ff:2ee:3dd:4ee]; ecf=[5555::6aa:7bb:8cc:9dd]

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLso=023551024"; orig-
ioi="type3homel.net"

Privacy: none

From: <tel: +1-237-555-1111>;tag=171828

To: <tel:+1-237-555-2222>; tag=26545

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

Supported: 100rel, precondition

Require: sec-agree

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; g=0.1; alg=hmac-sha-1-96; spi=87654321; port=7531

Contact: < sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c9le6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Accept: application/sdp, application/3gpp-ims+xml

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee
s
t=0 0

m=audio 3456 RTP/AVP 97 96

c=IN IP6 5555::aaa:bbb:ccc:eee

b=AS:25.4

a=curr:gos local sendrecv

a=curr:gos remote none

a=des:gos mandatory local sendrecv

a=des:gos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event

a=maxptime:20

m=message 7654 TCP/MSRP 98

c=IN IP6 5555::aaa:bbb:ccc:fff
a=accept-types:text/plain

24. SIPre-INVITE request (Intermediate IM CN subsystem entitiesto UE B)

Intermediate IM CN subsystem entities forward the SIP re-INVITE request to remote UE B.
25. SIP 200 (OK) response (UE B to intermediate IM CN subsystem entities)

Upon receiving the SIP re-INVITE request containing the SDP offer, since the UE B has all resources available,
it sends immediately the SIP 200 (OK) response to the SIP re-INVITE request that contains the SDP answer. The
SDP answer indicates that the resources are available.

26. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto SCC AS)

Theintermediate IM CN subsystem entities forward the SIP 200 (OK) response to the SIP re-INVITE request to
the SCC ASin the originating network.

27-28. SIP ACK request (SCC ASto UE B vialM CN subsystem entities)

The SCC AS generates the SIP ACK request to the SIP 200 (OK) response, and forwards the SIP ACK request
to the remote UE B.

29-30. SIP 200 (OK) response (SCC ASto interworking entitiesvia IM CN subsystem entities)

The SCC AS generates the SIP 200 (OK) response to the SIP INVITE request, and forwards the SIP 200 (OK)
response to the interworking entities.

31.1SUP CONNECT message (interworking entitiesto SC UE A)
32.1SUP CONNECT Response message (SC UE A to interworking entities)
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33-34. SIP ACK request (interworking entitiesto SCC ASvia M CN subsystem entities)

The interworking entities generate the SIP ACK request to the SIP 200 (OK) response, and forward it to the SCC
AS.

35-36: SIP BYE request (SCC ASto SC UE A viaintermediate IM CN subsystem entities)

The SCC AS terminates the replaced call leg, which was using the old IP-CAN, by sending a BY E request to the
UEA.

37-38. SIP 200 (OK) response (SC UE A to SCC ASviaintermediate IM CN subsystem entities)

Upon receiving the BY E request over the old IP-CAN, the SC UE A sends a SIP 200 (OK) response over the old
IP-CAN to the SCC AS. Subsequently, the SC UE A relinquishes all resources pertaining to the old IP-CAN.

39. M edia paths between SC UE A and UE B

Finaly, the non-realtime media path is over the new IP-CAN and the realtime mediais using the CS bearer.

A.8.3 PS - PS in conjunction with PS - CS Access Transfer: CS to
PS

In this example, SC UE A has an ongoing multimedia session with remote UE B over |P-CAN#1 and CS bearer before
access transfer. When SC UE connects to a new IP-CAN#2, it decides to transfer al the multimedia session over the
new | P-CAN#2.
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SCUEA Interworking Intermediate IM SCC AS UE B
IP#2 | IP#1 | CS entities CN subsystem

| | | | entities
|
1. SC UE A is on an active multimedia session with UE B. Call is anchored at SCC AS. |
- la.non-realtime media path over IP-CAN#I
@ 1b.CS bearer-pi- I1b.realtime media path .

2. UE A connects to a new IP-CAN
and decides to transfer the multimedia
session over the new IP-CAN . It
reserves resources in the new IP-CAN.

3. INVITE >
4. iFC Evaluation |
—5. SIP INVITE»
| 6 Remote leg Update
7.81P |
reINVITE
8. SIP reINVITE———»
~¢——9, SIP 200 (OK) eINVITE—
B 10. SIP o
200 (OK) reINVITE
<a—11. SIP ACK—
12. SIP ACK———»|
13.81p |
- 14. SIP 200 (OK) jvite 200 (OK) invire
I
15. SIP ACK >
——16. SIP ACK—»|
1 17a.non-realtime media path over IP-CAN#1
1% 17b.CS bearerp1a 17b.realtime media pathr -
|
-t 17¢. multimedia path over new IP-CAN#2 _
~4—18. SIP BYE—
- 19 SIP BYE
I
20. SIP 200 (OK) >
—21. SIP 200 (OK)»
~4—22. SIP BYE—
~—23. SIP BYE
-24. DISCONNECT-
| 25. DISCONNECT_
response
——26. SIP 200 (OK)—»
-27. SIP 200 (OK)»
e 28. multimedia path over new [P-CAN#2 P

Figure A.8.3-1: Signalling flow for PS - PS in conjunction with PS - CS Access Transfer: CSto PS

NOTE 1: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.
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1. SC UE A hasan ongoing multimedia session with remote UE B

The non realmedia path is over old IP-CAN#1 and the realtime media path is over the CS bearer. The call has
been anchored at the SCC AS whichisin the HPLMN of originating SC UE A. The call leg over old IP-CAN#1
isidentified with " Call-D= me03a0s09a2sdfgjkl491777", "From tag=64727891", and "To tag=774321". The UE
A and UE B exchange media over the old IP-CAN, which is maintained while the SC UE A initiates the
handover procedure.

. SC UE A connectsto a new | P-CAN#2

The SC UE A decidesto transfer the multimedia session over the new IP-CAN#2. The UE A obtainsan IP
addressthat it will use for the signalling and media. It registers with the S-CSCF over the new IP-CAN using
multiple registrations procedure. Depending on the UE A configuration, the discovery of the P-CSCF in the new
IP-CAN may be needed. Based on the UE A and new IP-CAN capabilities, the UE A decides to use the same
codec that was used over the old IP-CAN. The UE A reserves resources (e.g. QoS) in the new IP-CAN that will
be needed for the signalling and transferred media, prior to sending the initial SIP INVITE reguest.

. SIPINVITE request (SC UE A tointermediate IM CN subsystem entities)- see examplein table A.8.3-3

Upon sending theinitial SIP INVITE request, the UE A isready to receive the RTP packets either over the new
IP-CAN or the old IP-CAN. The RTP packets may arrive over the new IP-CAN prior to the SC UE are receiving
the SIP 200 (OK) response for the initial SIP INVITE request.

Table A.8.3-3: SIP INVITE request (UE A to intermediate IM CN subsystem entities)

INVITE tel:+1-23
Via: SIP/2.0/UDP
Max-Forwards: 70
Route: sip:pcsct
P-Preferred-Iden
P-Access-Network
Privacy: none

To: <tel:+1-237-
Call-ID: cb03a0s
Cseq: 127 INVITE
Supported: 100re
Require: sec-agr
Proxy-Require: s
Accept-Contact:

Security-Verify:
Contact: <sip:us
00a0c9le6bf6>
service.ims.1i
Replaces: me03a0

Accept: applicat
Content-Length:

v=0

o=- 2987933615 2
s
c=IN IP6 5555::a
t=0 0

m=audio 3456 RTP
a=pcfg:1 t=1
b=AS:25.4
a=curr:qgos local

a=rtpmap:97 AMR

a=maxptime:20

7-555-3333 SIP/2.0
[5555: :aaa:bbb:ccc:f£f£f] :1357; comp=sigcomp;branch=z9hG4bKnashds7

1.homel.net:7531;1r;comp=sigcomp>, <sip:orig@scscfl.homel.net;lr>
tity: "John Doe" <sip:userl publicl@homel.nets>
-Info: IEEE-802.11b

From: <sip:userl publicl@homel.net>; tag=171828

555-2222>
09a2sdfglkj490237

1l; precondition, gruu, 199

ee, replaces

ec-agree
*;4+9.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

ipsec-3gpp; g=0.1; alg=hmac-sha-1-96; spi=87654321; portl=7531
erl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
;+g9.3gpp.icsi-ref="urn%3Aurn-xxx%3gpp-
csi.mmtel";+g.3gpp.ics="principal";

s09a2sdfgjkl491777; to-tag=774321; from-tag=64727891

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE

ion/sdp; application/3gpp-ims+xml

Content-Type: application/sdp

(...)

987933615 IN IP6 5555::aaa:bbb:ccc:fff
aa:bbb:ccc:fff

/AVP 97 96a=tcap:1 RTP/AVPF

sendrecv

a=curr:gos remote none
a=des:gos mandatory local sendrecv
a=des:gos none remote sendrecv

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event

m=message 7654 TCP/MSRP 98
a=accept-types: text/plain

Request-URI: Containsthe static ST1.
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4. Evaluation of initial filter criteria

The S-CSCF evaluates initial filter criteriafor the served SC user and as aresult routes the SIP INVITE request
towards the SCC AS.

5. SIPINVITE request (intermediate IM CN subsystem entitiesto SCC AS)
The SIPINVITE request is forwarded to the SCC AS as the result of the evaluation of iFC.
6. RemoteLeg Update

The SCC ASidentifies the session to be transferred using the STI. The SCC AS performs the Remote Leg
update by sending the SIP re-INVITE request towards the Remote Leg.

7. SIPre- INVITE request (SCC AStointermediate IM CN subsystem entities)- See examplein table A.8.3-7

The SCC AS modifies the message in accordance with routeing B2BUA functionality, e.g. mapping of From,
To, Cseg and Call-ID headers from one side of the B2BUA to the other. In this example the SCC AS includes
the contents of the Contact header from the received SIP INVITE request. The SIP re-INVITE request contains
the SDP offer that isidentical to the SDP offer that the SCC AS received in theinitial SIP INVITE request from
the UE A (Step 3).

Table A.8.2-7: SIP re-INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE sip:user2 publicl@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74 SIP/2.0

Via: SIP/2.0/UDP sccas.homel.net; branch=z9hG4bK332b33.3;

Max-Forwards: 67

Route: <scscfl.homel.net;lr >,<sip:scscf2.home2.net;lr>, <sip:pcscf2.visited2.net;lr>

P-Asserted-Identity: "John Doe" <sip:userl publicl@homel.net>, <tel:+1-237-555-1111>

P-Access-Network-Info: IEEE-802.11b

Privacy: none

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLs0=023551024"

P-Charging-Function-Addresses:

From: <sip:userl publicl@homel.net>; tag=569812

To: <tel:+1-237-555-2222>, tag=4321

Call-ID: dcl4bltl0b3teghmlk5013237

Cseqg: 111 INVITE

Contact:<sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c9le6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE

Content-Type: application/sdp

Content-Length: (..)

o

- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:fff

IN IP6 5555::aaa:bbb:ccc:fff

00

audio 3456 RTP/AVPF 97 96
AS:25.4

curr:gos local sendrecv
a=curr:gos remote none

a=des:gos mandatory local sendrecv
a=des:gos none remote sendrecv
a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event
a=maxptime:20

m=message 7654 TCP/MSRP 98
a=accept-types: text/plain

Qo3 Q0o <

8. SIPre INVITE request (Intermediate IM CN subsystem entitiesto UE B)

The intermediate IM CN subsystem entities forwards the SIP re-INVITE request to remote UE B.
9-10: SIP 200 (OK) response (UE B to SCC ASvialntermediate IM CN subsystem entities)

The UE B generates the SIP 200 (OK) response to the SIP re-INVITE request and forwards it to the SCC AS.
11-12: SIP ACK request (SCC ASto UE B via Intermediate IM CN subsystem entities)
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The SCC AS generates the SIP ACK request to the SIP 200 (OK) response and forwards it to the remote UE B.
13-14: SIP 200 (OK) response (SCC ASto UE A via Intermediate IM CN subsystem entities)

The SCC AS generates the SIP 200 (OK) response to the SIP INVITE request and forwardsit to the SC UE A.
15-16: SIP ACK reguest (SC UE A to SCC ASvialntermediate M CN subsystem entities)

The SC UE A generates the SIP ACK request to the SIP 200 (OK) response and forwards it to the SCC AS
17. M edia paths between UE A and UE B

The multimediais using the new |P-CAN. Resources used for signalling on the old IP-CAN#1 and CS bearer are
not rel eased.

18-19. SIP BYE request (SCC ASto SC UE A viaintermediate IM CN subsystem entities)

The SCC AS terminates the replaced call leg- that was using the old IP-CAN#1, by sending a SIP BY E request
towards the SC UE A.

20-21. SIP 200 (OK) response (SC UE A to SCC ASviaintermediate IM CN subsystem entities)

Upon receiving the SIP BY E request over the old IP-CAN#1, the SC UE A sends a SIP 200 (OK) response over
the old IP-CAN. Subsequently, the UE-1 relinquishes al resources pertaining to the old IP-CAN.

22-23. SIPBYE request (SCC ASto interworking entitiesvia intermediate IM CN subsystem entities)

The SCC ASterminates the replaced call leg, which was using the CS bearer, by sending a BY E request.
24-25. | SUP M essage

Upon receiving the DISCONNECT request, the SC UE A relinquishes all resources pertaining to the CS bearer.
26-27. SIP 200 (OK) response (Interworking entitiesto SCC ASviaintermediate IM CN subsystem entities)
28. M edia paths between UE A and UE B

The multimedia session is using the new |P-CAN#2.

A.9 Signalling flows for media adding/deleting for access
transfer

A.9.1 Introduction

The signalling flows for media adding/del eting demonstrate how the media of a multimedia session is added or deleted.
The following signalling flow is included:

- subclause A.9.2 shows an example when the non-realtime media of a multimedia session over the IP-CAN is
removed.

A.9.2 Remote End Initiation case — Removing media from split CS
and PS sessions

Asaprecondition the SC UE A hasa CS call and IMS multimedia session with the remote end after session transfer in a
manner that more than one session are presented to UE B as one IMS session by the SCC AS.
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SC UE A Interworking Intermediate IM SCC AS UEB
IP | CS entities CN subsystem
| entities
I
| 1]. SC UE A is on an active multimedia session with UE B. Call is anchored at SCC AS. |
|
- --1a.CS bearer - - 1 la.realtime media pathe .
|
-t 1b.non-realtime media path -
~<—2. SIP reINVITE
—3. SIP reINVITE®
4. SIP 200 (OK)
4 —
reINVITE
5 SIP
200 (OK? reINVITE
~—— 6. SIP ACK:
7 SIP ACK—>
<4—8. SIP BYE—
- 9. SIP BYE
|
10. SIP 200 (OK) >
—11. SIP 200 (OK
g =-=-12.CS bearer - - -1 12.realtime media path -
I

Figure A.9.2-1: Remote End Initiation case — Removing media from split CS and PS sessions
NOTE 1: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.
1. SC UE A hasan ongoing multimedia session with remote UE B
The call has been anchored at the SCC ASwhich isinthe HPLMN of originating SC UE A.
Table A.9.2-1 shows an example of the SDP offer from SC UE A to remote UE B.

NOTE 2: To show how the mediais removed, only the SDP offer is shown in this example.
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Table A.9.2-1: SIP INVITE request (SC UE A to intermediate IM CN subsystem entities)

INVITE tel:+1-237-555-2222 SIP/2.0
Via:

Max-Forwards:

Route:
P-Asserted-Identity:
P-Charging-Vector:
P-Access-Network-Info:
Privacy:

From:

To:

Call-ID:

Cseq:

Supported:

Require:
Proxy-Require:
Security-Verify:
Contact:

Allow:

Accept:
Content-Type:
Content-Length: (..)

v=0

o=- 2987933615
s
c=IN IP6 5555:
t=0 0
m=message 7654

a=accept-types:

2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

:aaa:bbb:ccc:ddd

TCP/MSRP 98
text/plain

2. SIPre-INVITE reguest (UE B tointermediate IM CN subsystem entities)- See examplein table A.9.2.-2

The remote UE B decides to remove the non-realtime media from the multimedia session. It uses standard IMS
procedures to remove one or more PS media from the session.
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Table A.9.2-2: SIP re-INVITE request (UE B to intermediate IM CN subsystem entities)

INVITE < sip:userl publicl@homel.net;gr=urn:uuid:f81ld4fae-7dec-11d0-a765-00a0c9le6bf6> SIP/2.0

Via: SIP/2.0/UDP sccasl.homel.net;branch=z9hG4bKnas34r5

Max-Forwards: 67

Route: <sip:scscfl.homel.net:lr>

P-Asserted-Identity: <tel: +1-237-555-2222>

P-Charging-Function-Addresses: ccf=[5555::099:c88:d77:e66]; ccf=[5555::a55:b44:c33:d22];
ecf=[5555::1ff:2ee:3dd:4ee]; ecf=[5555::6aa:7bb:8cc:9dd]

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLso=023551024"; orig-
ioi="type3homel.net"

P-Access-Network-Info:

Privacy: none

From: <tel: +1-237-555-2222; gr=hdg7777ad7aflzig8sf7>;tag=171828

To: <tel:+1-237-555-1111>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

Supported: 100rel, precondition

Require: sec-agree

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; g=0.1; alg=hmac-sha-1-96; spi=87654321; port=7531

Contact: < sip:user2 publicl@home2.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-
ad76cc7fc74>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Accept: application/sdp, application/3gpp-ims+xml

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
S=

c=IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:gos local sendrecv

a=curr:gos remote none

a=des:gos mandatory local sendrecv

a=des:gos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event

a=maxptime:20

m=message 0 TCP/MSRP 98
a=accept-types:text/plain

3. SIPre- INVITE request (Intermediate IM CN subsystem entitiesto SCC AS)
4-5. SIP 200 (OK) response (SCC ASto UE B via Intermediate IM CN subsystem entities)

The SCC AS generates the SIP 200 (OK) response to the SIP re-INVITE request and forwards it to the remote
UE B.

6-7: SIP ACK request (UE B to SCC ASvialntermediate IM CN subsystem entities)
The UE B generates the SIP ACK request to the SIP SIP 200 (OK) response and forwards it to the SCC AS.
8-9: SIPBYE request (SCC ASto SC UE A viaintermediate IM CN subsystem entities)

The SCC AS terminates the replaced call 1eg, which was using the IP-CAN, by sending a SIP BY E request to the
UEA.

10-11. SIP 200 (OK) response (SC UE A to SCC ASviaintermediate IM CN subsystem entities)

Upon receiving the BY E request over the IP-CAN, the SC UE A sends a SIP 200 (OK) response over the IP-
CAN to the SCC AS. Subsequently, the SC UE A relinquishes all resources pertaining to the IP-CAN.

12. M edia paths between SC UE A and UE B

Finally, the non-realtime media path over the IP-CAN is removed.
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A.10 Signalling flows for target UE discovery for inter-UE
transfer

A.10.1 Introduction
A.10.2 Subscription to registration event

A.10.3 Discovery of target UE capabilities

A.11 Signalling flows for Inter-UE Transfer without
establishment of Collaborative Session

A.11.1 Introduction

The signalling flows in the subclause demonstrate how a UE-1 can initiate the inter UE transfer of the complete session
without Collaborative Session establishment.

The example assumes that the UE-1 and UE-2 are under the control of the same subscriber.

A.11.2 Complete transfer in services defining only originating
session set up in UE

In the example flow at the figure A.11.2-1, UE-1 has an ongoing multimedia session with UE-3 anchored at SCC AS.
The session is established using an IM'S communication service identified by ICSI urn:urn-7:3gpp-service.ims.icsi.iptv
which isan IMS communication service which defines originating session set up in the UE only.
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HPLMN of the terminating UE

! Intermediate IM ! Intermediate IM
UE-1 UE-2 CN subsytem SCC AS CN subsytem UE-3
entitities entitities
I I 1 I I I
1. UE-1is on an active multimedia session with UE-3. Call is anchored in SCC AS
[— — — — — — o — —IMS Service Controle— | = =— = — — —
- Medig path between UE-1 and UE-3 >

—38. SIP 202

[ 4————11. SIP

2. SIP REFER————

—7. SIP REFER——

202 Reper——————————
12. SIP INVITE—®

3. iFC Evaluation

——-4. SIP REFER—»{

| 5. REFER request authorization

¢—6. SIP REFER—

REFER—|
—29. SIP 202 rerer—P
l«—10. SIP 202 rerer—

13.iFC Evaluation |

——14. SIP INVITE—®»>|

| 15. Remote Leg Update

<4—16. SIP re-INVITE:

[————20. SIP
——21. SIP 200 re.inviTe—#>]
[4——22. SIP ACK:

——=24. SIP ACK—»»{
l4—25. SIP 200 jnvite—
[—26. SIP 200 |nvite—
27. SIP ACK—p»
28. SIP ACK—p»{
= — — =29a. IMS Service CONtrol= == =—
- 29b. Media path between UE-2 and UE-3 -

17. SIP re-INVITE———p>|

200 renviTE——————

23. SIP ACK—————

—18. SIP re-INVITEm
(19. SIP 200 re.inviTe—

200)

-¢——33. SIP NOTIFY (SIP 200)

——  39. SIP BYE

-
| 30.SIP NOTIFY (SIP

34. SIP'200 yomry—— ]
|€—37. SIP 200 xorer——

40. SIP 200 gye——————p>

| 31. SIP NOTIFY (SIP,
200)

32. SIP NOTIFY (SIP__|
200)

——35. SIP 200 nomiry—P>]
[«4—36.SIP 200 noriry—]

-——38. SIP BYE:

F——41. SIP 200 gye—>

Figure A.11.2-1: Signalling flow for inter UE transfer without Collaborative Session establishment

NOTE 1: For clarity, the SIP 100 (Trying) responses and the SIP NOTIFY requests carring the message/sipfrag
with SIP 100 (Trying) response are not shown in the signalling flow.

1. UE-lisin session with UE-3

There isamultimedia session comprising audio and video media between the UE-1 and the remote UE-3
anchored at SCC AS. The session was established using IMS communication service identified by ICSI urn:urn-
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7:3gpp-service.ims.ics.iptv. The dialog identifier of the session is AB03a0s09a2sdfglkj490333, remote-
tag=Afgsdfg45, local-tag=U188gg.

2. SIP REFER request initiating the inter UE transfer to UE-2 (UE-1 to Intermediate IM CN subsystem
entities) - see examplein table A.11.2-2

Table A.11.2-2: SIP REFER request (UE-1 to Intermediate IM CN subsystem entities)

REFER sip:user@homel.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-222222222222 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd] :1357; comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

P-Preferred-Identity: <sip:user@homel.net>

From: <sip:user@homel.net>;tag=171828

To: <sip:user@homel.net;gr=urn:uuid:f81ld4fae-7dec-11d0-a765-222222222222>

Call-ID: Asdasd231233

Cseq: 4127 REFER

Contact: <sip:user@homel.net;gr=gr=urn:uuid:f8ld4fae-7dec-11d0-a765-111111111111>

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Length: 0

Refer-To: <sip:remoteuser@home2.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-333333333333?Target-
Dialog=AB03a0s09a2sdfglkj490333%3Bremote-tag=Afgsdfg45%3Blocal-
tag=Ul88gg&Require=tdialog&P-Preferred-Service=urn:urn-7:3gpp-service.ims.icsi.iptv&Accept-
Contact=*%3b+g.3gpp.icsi-ref%$3d%22urn%253Aurn-7%253gpp-service.ims.icsi.iptv%22>

Request-URI:  contains the GRUU of the UE-2

Refer-To:  contains the remote target used in the session with UE-3, i.e. GRUU of the UE-3 together with
Target-Dialog URI header field containing the dialog identifier of the session with UE-3, Require URI header
field containing the "tdialog” and P-Preferred-Service and Accept-Contact URI header fields containing the ICSI
of the service to be requested by UE-2.

Contact: containsthe GRUU of the UE-1
Editor's note: it is FFS whether and how to indicate the mediato be transferred
3. Evaluation of initial filter criteria

The S-CSCF evaluates originating initial filter criteriafor the served user and as aresult routes the SIP REFER
reguest towards the SCC AS.

4. SIP REFER request (Intermediate IM CN subsystem entitiesto SCC AS)

5. The SCC ASauthorizestherequest and if authorization is passed successfully, the SCC ASforwardsthe
SIP REFER request further

6.-7. SIP REFER request (SCC ASto UE-2)
8.-11. SIP 202 responsetothe SIP REFER request (UE-2to UE-1)

12. SIP INVITE reguest (UE-2to intermediate IM CN subsystem entities) - see examplein table A.11.2-12
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Table A.11.2-12: SIP INVITE request (UE-1 to Intermediate IM CN subsystem entities)

INVITE sip:remoteuser@home2.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-333333333333 SIP/2.0
Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:f£f£f]:1357;comp=sigcomp;branch=z9hG4bKnashds7
Max-Forwards: 70

P-Preferred-Identity: <sip:user@homel.nets>

From: <sip:user@homel.net>;tag=171828

To: <sip:remoteuser@home2.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-333333333333>
Call-ID: tg34gasgaegr

Cseq: 4127 INVITE

Contact: <sip:user@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-222222222222>
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Target-Dialog: AB03a0s09a2sdfglkj490333;remote-tag=Afgsdfg45;local-tag=U188gg
Require: tdialog

Content-Type: application/sdp

Content-Length: (..)

Supported: 100rel, precondition

P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.iptv

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.iptv"

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:fff
S=

c=IN IP6 5555::aaa:bbb:ccc:fff

t=0 0

m=audio 3456 RTP/AVP 97 96
a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:25.4

a=curr:qos local sendrecv
a=curr:gos remote none

a=des:gos mandatory local sendrecv
a=des:gos none remote sendrecv
a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event
a=maxptime:20

m=video 3400 RTP/AVP 98 99

b=AS:75

a=curr:gos local none

a=curr:gos remote none

a=des:gos mandatory local sendrecv
a=des:gos none remote sendrecv
a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0
a=rtpmap:99 MP4V-ES

Request-URI:  set to the URI in the Refer-To of the received SIP REFER request
Contact: containsthe GRUU of the UE-2

Target-Dialog: set to the value of the Target-Dialog URI header field of the URI in the Refer-To of the
received SIP REFER request

Require: set to the value of the Require URI header field of the URI in the Refer-To of the received SIP
REFER request

P-Preferred-Service: set to the value of the P-Preferred-Service URI header field of the URI in the Refer-To
of the received SIP REFER request

Accept-Contact: set to the value of the Accept-Contact URI header field of the URI in the Refer-To of the
received SIP REFER request

13. Evaluation of initial filter criteria

The S-CSCF evaluates originating initial filter criteriafor the served user and as aresult routes the SIP INVITE
reguest towards the SCC AS.

14. SIP INVITE request (Intermediate IM CN subsystem entitiesto SCC AS)

15. Remote L eg Update
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Based on the STI in the Target-Dialog header field the SCC AS detects that the inter UE tranfer isbeing
attempted and performs the Remote Leg update by sending the SIP re-INVITE request towards the Remote Leg.

16-18. SIP re-INVITE request (SCC ASto UE-3 over intermediate IM CN subsystem entities)

The SCC AS acting as arouting B2BUA generates a SIP re-INVITE request based upon the received SIP
INVITE request and the information previously stored against this session and routes it towards UE-3 viathe
intermediate IM CN subsystem entities.

19-21. SIP 200 (OK) response (UE-3 to intermediate IM CN subsystem entities)

Upon receiving the SIP re-INVITE request containing the SDP offer, since the UE-3 has all resources available,
it sends immediately the SIP 200 (OK) response to the SIP re-INVITE request that contains the SDP answer. The
SDP answer indicates that the resources are available.

22-24. SIP ACK request (SCC ASto UE-3viaintermediate IM CN subsystem entities)

The SCC AS generates the SIP ACK reguest to the SIP 200 (OK) response, and forwards the SIP ACK request
to the remote UE-3.

25-26. SIP 200 (OK) response (SCC ASto UE-2 viaintermediate IM CN subsystem entities)

The SCC AS generates the SIP 200 (OK) response to the SIP INVITE request, and forwards the SIP 200 (OK)
response towards the UE-2.

27-28. SIP ACK request (UE-2to SCC ASviaintermediate IM CN subsystem entities)
The UE-2 generate the SIP ACK request to the SIP 200 (OK) response, and forward it to the SCC AS.
29. Mediaand IM S service control paths:

The media path is now established between UE-2 and UE-3 and the IM S service control between UE-2 and SCC
AS.

30-33. SIP NOTIFY request (UE-2 to UE-1 over intermediate IM CN subsystem entitiesand SCC AS)
The UE-2 generate the SIP NOTIFY request carrying the message/sipfrag body and send it towards UE-1.

34-37. SIP 200 OK responseto the SIP NOTIFY request (UE-1to UE-2 over intermediate IM CN subsystem
entitiesand SCC AS)

38-39: SIP BYE request (SCC ASto UE-1viaintermediate IM CN subsystem entities)
The SCC AS terminates the source access leg by sending a BY E request to the UE-1.
40-41. SIP 200 (OK) response (UE-1to SCC ASviaintermediate IM CN subsystem entities)

Upon receiving the BY E request, the UE-1 sends a SIP 200 (OK) response to the SCC AS. Subsequently, the
UE-1 relinquishes all resources pertaining to the session.

A.11.3 Complete transfer in services defining terminating session
set up in UE

Editor's note: Complete transfer in services defining terminating session set up in UE is FFS
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A.12 Signalling flows for establishment of collaborative
session for inter-UE transfer

A.12.1 Introduction
A.12.2 Collaborative session establishment by transferring media

A.12.3 Collaborative session establishment with new media

Thereis an existing session with audio between controller UE, UE-1, and remote UE. The controller UE establishes a
collaborative session by adding a video media component to the controllee UE, UE-2.

UE-1 UE-2 IMS CN SCC AS UE-
remote
- (Audio) .

1. REFER———————p»

2. REFER—»»

3. 202 ACCEPTED—
-« 4 202ACCEPTED———|
\ <5 NOTIFY
-« 6.NOTFY—————————|
7.2000K——p»

8. 200 OK——»
<4¢—9. INVITE

~4—10. INVITE
11. 200 OK——»

12. 200 OK——»

-4——13. ACK

4——14. ACK

~4—15. NOTIFY——
16 NOTIFY—
—————17.2000 0K——
18. 200 OK—p»

~¢—19. Re-INVITE——

20. Re-INVITE———— P>
-—21. 200 OK

22. 200 OK——p

-4—23. ACK

24 ACK——————— P

-4—25. UPDATE—
¢—26 UPDATE——

27. 200 OK——m

28. 200 OK—
S | (Audio)
g (Video)

-
-

Figure A.12.3: Controller UE establishes a collaborative session by adding a new media on controllee
UE

1-2. SIP REFER request (from UE-1to SCC-AYS)
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The controller UE, UE-1 sends a REFER request to the SCC AS containing a Refer-To header containing the GRUU of
controllee UE, UE-2 and a body parameter containing an m line for audio set to zero and an m line for video with the
port number set to the discard port number "9" since the port number is unknown. The REFER request also includes a
Target-dialog header field containing the details fo the dialog for the existing session between controller UE, UE-1 and
the remote UE.

Table A.12.3-1 SIP REFER request (UE-1to SCC-AS)

REFER sip:scc-as@homel.net SIP/2.0

Via:

To: sip:scc-as@homel.net;tag=13579

From: sip:userl_pubicl@homel.net;tag=24680

Call-ID: cb03a0s09a2sdfglkj490333

CSeq: 93809824 REFER

Max-Forwards: 70

P-Preferred-Identity:

Refer-To: <sip:userl public2@home2.net;gr=urn:uuid:f81d4fae-7dec-11d0-a762-
00a0c9le6bfb?body=m%3Daudio%200%20RTP$2FAVP%$2096%0Dm%3Dvideo%209%20RTP$2FAVP%2098%2099>

Require: target-dialog

Target-dialog: cb03a0s09a2sdfglkj1l3579; remote-tag=abcdef; local-tag=123456

Contact: <sip:userl publicl@homel.net; gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c9lewxyz>

Allow:

Accept: message/sipfrag

Content-Length: 0

3-4. SIP 202 (Accepted) response (from SCC ASto UE-1)

SCC-AS sends SIP 202 (Accepted) response to controller UE-1 as response to the SIP REFER request.
5-6. SIPNOTIFY request (from SCC ASto UE-1)

SCC-AS sendsa SIP NOTIFY request to UE-1 notifying implicit subscription to the SIP REFER request.

Table A.12.5-2 SIP NOTIFY request (SCC-AS to UE-1)

NOTIFY

Via:

To: sip:userl pubicl@homel.net;tag=13579
From: sip:scc-as@homel.net;tag=24680
Call-ID:

CSeq:

Max-Forwards:

P-Asserted-Identity:

Require:

Contact: sip: scc-as@homel.net

Allow:

Event: refer

Subscription-State: active;expires=3600
Content-Type: message/sipfrag;version=2.0
Content-Length: (..)

SIP/2.0 100 Trying

7-8.  SIP 200 (OK) response (from UE-1 ASto SCC-AYS)
The controller UE, UE-1, acknowledges the SIP NOTIFY request by sending SIP 200 (OK) response to SCC-AS.
9-10. SIPINVITE request (from SCC-ASto UE-2)

SCC-AS sends SIP INVITE request to the controllee UE, UE-2, adding video media and establishing collaborative
session.Since the URI parameters indicates that the port number for video m-lineis set to the discard port number "9",
the SCC AS realizes that the port number of the remote UE is unknown and therefore adds an a-line to inactive in SDP
offer to prevent the controllee UE sending mediato the remote UE. The SDP offer contains the audio media component
on controller UE, UE-1 set to zero. The INVITE request contains a Referred-By header containing the identity of UE-1.
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Table A.12.9-3 SIP INVITE request (SCC-AS to UE-2)

INVITE sip:user2 publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c91le6bf6 SIP/2.0
Via:

Record-Route: sip:scc-as@homel.net

To: sip:user2 pubicl@homel.net;

From: sip:user3 pubic3@home3l.net;tag=acegi

Call-ID:

CSeq:

Max-Forwards:

P-Asserted-Identity: "remote user" sip:user3 pubic3@home3.net

Require:

Referred-By: sip:userl pubicl@homel.net

Contact: sip:user3 public3@home3.net;gr=urn:uuid:f8ld4fae-17oct-1lal-a678-0054c9leabcd
Allow:

Content-Type: application/sdp

Content-Length: (..)

v=0
o=- 1027933615 1027933615 IN IP4 123.112.67.87
S=
t=

00
m=audio 0 RTP/AVP 0
m=video 9 RTP/AVP 98 99
a=inactive
c=123.112.67.87
b=AS:75
a=rtpmap:98 H263
a=fmtp:98 profile-level-id=0
a=rtpmap:99 MP4V-ES

Editor's note: The value of c-lineis FFS.
11-12. SIP 200 (OK) response (from UE-2 to SCC-AS)
The controllee UE, UE-2, acknowledges the INVITE request by sending SIP 200 (OK) regponse to SCC-AS.

Table A.12.3-11 SIP 200 (OK) response (UE-2 to SCC-AS)

SIP/2.0 200 OK

Via:

To: sip:user2 pubicl@homel.net;tag=xyzwv
From: sip:user3_pubic3@home3.net;tag=acegi
Call-ID:

CSeq:

P-Preferred-Identity:

Contact: sip:userl public2@home2.net;gr=urn:uuid:f81ld4fae-7dec-11d0-a765-00a0c9lebbfb6
Allow: INVITE, PRACK, UPDATE

Content-Type: application/sdp
Content-Length: (..)

v=0

o=- 1027933615 1027933615 IN IP4 145.23.77.88
g=-

t=0 0

m=audio 0 RTP/AVP 0

m=video 9 RTP/AVP 98
a=inactive

c=145.23.77.88

b=AS:75

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

13-14. SIP ACK request (from SCC-ASto controllee UE)
SCC-AS sends SIP ACK request to the remote UE.
15-16. SIP NOTIFY request (from SCC-ASto conroller UE, UE-1)

SCC-AS sends SIP NOTIFY request to controller UE, UE-1 to inform about the success status of the inter-UE transfer.
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Table A.12.3-15 SIP NOTIFY request (SCC-AS to UE-1)

NOTIFY

Via:

To: sip:userl_pubicl@homel.net;tag = 13579
From: sip:scc-as@homel.net;tag=24680
Call-ID:

CSeq:

Max-Forwards:

P-Asserted-Identity:

Require:

Contact: sip: scc-as@homel.net

Allow:

Event: refer
Subscription-State:terminated; reason=noresource
Content-Type: message/sipfrag ;version=2.0
Content-Length: (..)

SIP/2.0 200 OK

Content-Type: application/sdp
m=audio 0 RTP/AVP 0

m=video 9 RTP/AVP 98 99
c=145.23.77.88

b=AS:75

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

17-18. SIP 200 (OK) response (from controller UE to SCC-AS)

The controller UE acknowledges the NOTIFY request by sending SIP 200 (OK) response to SCC-AS.
19-20. SIP re-INVITE request (from SCC-ASto remote UE)

SCC-AS sends SIP re-INVITE request to the remote UE.

Table A.12.3-19 SIP re-INVITE request (SCC-AS to remote UE)

INVITE sip:user3 public3@home3.net;gr=urn:uuid:f8ld4fae-17oct-11al-a678-0054c9leabcd SIP/2.0
Via:

To: sip:user3_pubic3@home3.net;tag=66666

From: sip:userl pubicl@homel.net;tag=33333

Call-ID:

CSeq:

Max-Forwards:

P-Asserted-Identity:

Require:

Contact: sip: userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c9lewxyz
Allow:

Content-Type: application/sdp

Content-Length: (..)

v=0
o=- 1027933615 1027933615 IN IP4 123.45.67.89
S=-

t=0 0

m=audio 1300 RTP/AVP 96 97

c=IN IP4 123.45.67.89

b=AS:25.4

a=rtpmap:96 AMR

a=fmtp:96 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:97 telephone-event

a=maxptime:20

m=video 1302 RTP/AVP 98

c=IN IP4 145.23.77.88

b=AS:75

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

21-22. SIP 200 (OK) response (from remote UE to SCC-AS)
The remote UE acknowledges the SIP re-INVITE request by sending SIP 200 (OK) response to the SCC-AS.
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Table A.12.3-21 SIP 200 (OK) response (remote UE to SCC-AS)

SIP/2.0 200 OK

Via:

To:

From:

Call-ID:

CSeq:

P-Asserted-Identity:

Contact: sip:user3 pubic3@home3.net;gr=urn:uuid:f8ld4fae-17oct-11lal-a678-0054c9leabcd
Allow:

Content-Type: application/sdp
Content-Length: (..)

v=0

o=- 1027933615 1027933615 IN IP4 123.112.67.87
S=-

c=IN IP4 123.112.67.87

t=0 0

m=audio 3000 RTP/AVP 96 97

b=AS:25.4

a=rtpmap:96 AMR

a=fmtp:96 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:97 telephone-event

a=maxptime:20

m=video 3002 RTP/AVP 98

b=AS:75

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

23-24. SIP ACK request (from SCC-ASto remote UE)
SCC-AS sends SIP ACK request to the remote UE.
25-26. SIP UPDATErequest (from SCC-ASto UE-2)

Since the controllee UE, UE-2 inidcated in the Allow header field support for SIP UPDATE method the SCC-AS sends
a SIP UPDATE request to the controllee UE, UE-2 to inform controllee UE about the port number for the video media
component of the remote UE. The SCC AS add an a-line set to active in the SDP offer.

NOTE: Any other changes such as | P address of the remote UE in case remote UE uses different | P addresses for
different media would also be updated in the SIP UPDATE request.

Table A.12.3-25 SIP  UPDATE request (SCC-AS to UE-2)

UPDATE sip:userl public2@home2.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c91le6bf6 SIP/2.0
Via:

To:

From:

Call-ID:

CSeq:

Contact: sip:user3_public3@home3l.net;gr=urn:uuid:f8ld4fae-17oct-11al-a678-0054c9leabcd
Allow:

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 1027933615 1027933615 IN IP4 123.45.67.87
g=-

c=IN IP4 123.45.67.87

t=0 0

m=audio 0 RTP/AVP 96 97
m=video 3002 RTP/AVP 98
b=AS:75

a=active

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

23-24. SIP 200 (OK) response (from controllee UE to SCC-AYS)
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Table A.12.3-23 SIP 200 (OK) response (UE-2 to SCC-AS)

SIP/2.0 200 OK
Via:

To:

From:

Call-ID:

CSeq:

Contact: sip:userl public2@home2.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c9lebbfb

Allow:
Content-Type: application/sdp
Content-Length: (..)

o=- 1027933615 1027933615 IN IP4 145.23.77.88

t=0 0

m=audio 0 RTP/AVP 0

m=video 1302 RTP/AVP 98
c=145.23.77.88

b=AS:75

a=active

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

27-28. SIP ACK request (from SCC-ASto controllee UE)

SCC-AS sends SIP ACK reguest to controllee UE to acknowledge.
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A.13 Signalling flows for media transfer within
collaborative session for inter-UE transfer

A.13.1 Introduction

A.13.2 Controller UE initiated media transfer from controller UE to

controllee UE

UE-
UE-1 UE-2 IMS CN SCC AS
remote
¢ (Audio, Video) -
1. REFER———— 2. REFER—
44202 ACCEPTED 3. 202 ACCEPTED—
\
<— 5 NOTIFY 4«—5. NOTIFY.
7.2000K——— p» 8.200 OK——
«——10. INVITE «—9. INVITE
11. 200 OK— > 12. 200 OK—p»
«—13. Re-INVITE——
14. Re-INVITE >
|
- 15. 200 OK
16. 200 OK—p»|
-«—17.ACK
18. ACK >
«—20. ACK 4—19. ACK
<422 Re-INVITE @—21. Re-INVITE——
- 23 2000K— 24. 200 OK—»
< 26.ACK 25 ACK
l«— 28 NOTIFY <« 27.NOTIFY———
- 29.2000K——p———30. 200 OK—
- | (Audio) -
- (Video) -

Figure A.13.2: Controller UE transfers a media on controllee UE

1-2. SIP REFER request (SIP REFER request from UE-1to SCC-AS)

Thereis an existing session with audio and video between controller UE, UE-1 (123.45.67.89), and remote UE
(132.54.76.98). The video component is unidirectional from the remote UE to the controller UE, UEL. The Controller
UE attempts to transfer the video portion of this session to the controllee UE, UE-2.
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Table A.13.2-1 SIP REFER request (UE-1to SCC-AS)

REFER sip:scc-as@homel.net SIP/2.0

Via:

To: sip:scc-as@homel.net; tag= 24680

From: sip:userl pubicl@homel.net; tag=13579

Call-ID: cb03a0s09a2sdfglkj490333

CSeqg: 93809824 REFER

Max-Forwards: 70

P-Preferred-Identity:

Refer-To: <sip:userl public2@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c91le6bfe?body=m%$3Dvideo%203002%20RTP$2FAVP%2098%2099>

Require: target-dialog

Target-dialog: cb03a0s09a2sdfglkj321576; remote-tag=abcdef;local-tag=123456

Contact: <sip:userl pubicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c9lewxyz>

Accept: application/sdp, message/sipfrag

Content-Length: 0

Editor"s note: The use of URI parameters for inter-UE transfer is still under review.
3-4. SIP 202 (Accepted) response (from SCC ASto UE-1)
SCC-AS sends SIP 202 (Accepted) response to controller UE-1 as response to SIP REFER request.
5-6. SIPNOTIFY request (from SCC ASto UE-1)

SCC-AS sends SIP NOTIFY request to UE-1 to notify implicit subscription to the SIP REFER request results.

Table A.13.2-2 SIP NOTIFY request (SCC-AS to UE-1)

NOTIFY

Via:

To: sip:userl pubicl@homel.net;tag=24680
From: sip:scc-as@homel.net;tag=13579
Call-ID:

CSeq:

Max-Forwards:

P-Asserted-Identity:

Require:

Contact: sip: scc-as@homel.net

Allow:

Event: refer

Subscription-State: active;expires=3600
Content-Type: message/sipfrag ;version=2.0
Content-Length: (..)

SIP/2.0 100 Trying

7-8. SIP 200 (OK) response (from UE-1 ASto SCC-AYS)

The controller UE, UE-1, acknowledges the SIP NOTIFY request by sending SIP 200 (OK) response to SCC-AS.
9-10. SIPINVITE request (from SCC-ASto UE-2)

SCC-AS sends SIP INVITE request to the controllee UE, UE-2, to transfer video media.

Editor"sNote: It isffs how the controller UE signals what media are to be transferred when the SDP media order

isdifferent in controller UE and controllee UE. Table A.13.2-3 SIP INVITE request (SCC-ASto UE-2)
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INVITE sip:userl public2@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c9le6bf6 SIP/2.0
Via:

To: sip:userl_pubic2@homel.net;

From: sip:scc-as@homel.net; tag=12486
Call-ID:

CSeq:

Max-Forwards:

P-Asserted-Identity:

Require:

Contact:

Allow:

Content-Type: application/sdp
Content-Length: (..)

v=0

o=- 1027933615 1027933615 IN IP4 123.112.67.87
S=-

c=IN IP4 123.112.67.87

t=0 0

m=video 3002 RTP/AVP 98 99

b=AS:75

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

a=rtpmap:99 MP4V-ES

11-12. SIP 200 (OK) response (from UE-2 to SCC-AYS)
The controllee UE, UE-2, acknowledges the SIP INVITE reguest by sending SIP 200 (OK) response to SCC-AS.

Table A.13.2-4 SIP 200 OK response (UE-2 to SCC-AS)

SIP/2.0 200 OK

Via:

To: sip:userl pubic2@homel.net; tag = xyzwv
From: sip:scc-as@homel.net; tag = 12486
Call-ID:

CSeq:

P-Preferred-Identity:

Contact: sip:userl pubic2@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c9le6bf6
Allow:

Content-Type: application/sdp
Content-Length: (..)

v=0

o=- 1027933615 1027933615 IN IP4 145.23.77.88
S=-

c=145.23.77.88

t=0 0

m=video 1302 RTP/AVP 98 99

b=AS:75

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

a=rtpmap:99 MP4V-ES

13-14. SIP re-INVITE request (from SCC-ASto remote UE)
SCC-AS sends SIP re-INVITE request to the remote UE.
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Table A.13.2-5 SIP INVITE request (SCC-AS to remote UE)

INVITE sip:user3 public3e@home3.net SIP/2.0
Via:

To: sip:user3_pubic3@home3.net;tag = 66666
From: sip:scc-as@homel.net; tag=33333
Call-ID:

CSeq:

Max-Forwards:

P-Asserted-Identity:

Require:

Contact: sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c9lewxyz
Allow:

Content-Type: application/sdp
Content-Length: (..)

v=0

o=- 1027933615 1027933615 IN IP4 123.45.67.89
S=-

t=0 0

m=audio 1300 RTP/AVP 96 97

c=IN IP4 123.45.67.89

b=AS:25.4

a=rtpmap:96 AMR

a=fmtp:96 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:97 telephone-event

a=maxptime:20

m=video 1302 RTP/AVP 98 99

c=IN IP4 145.23.77.88

b=AS:75

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

a=rtpmap:99 MP4V-ES

15-16. SIP 200 (OK) response (from remote UE to SCC-AS)
The remote UE acknowledges the SIP re-INVITE request by sending SIP 200 (OK) response to SCC-AS.

Table A.13.2-6 SIP 200 (OK) response (remote UE to SCC-AS)

SIP/2.0 200 OK

Via:

To:

From:

Call-ID:

CSeq:

P-Asserted-Identity:

Contact: sip:user3 pubic3@home3l.net
Allow:

Content-Type: application/sdp
Content-Length: (..)

v=0

o=- 1027933615 1027933615 IN IP4 123.112.67.87
S=-

c=IN IP4 123.112.67.87

t=0 0

m=audio 3000 RTP/AVP 96 97

b=AS:25.4

a=rtpmap:96 AMR

a=fmtp:96 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:97 telephone-event

a=maxptime:20

m=video 3002 RTP/AVP 98 99

b=AS:75

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

a=rtpmap:99 MP4V-ES

17-18. SIP ACK request (from SCC-ASto remote UE)
SCC-AS sends SIP ACK request to the remote UE.
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19-20. SIP ACK request (from SCC-ASto controllee UE; UE-2)
SCC-AS sends SIP ACK request to the remote UE.
21-22. SIP re-INVITE request (from SCC-ASto controller UE; UE-1)

SCC-AS sends SIP re-INVITE request to the controller UE.

Table A.13.2-7 SIP INVITE request (SCC-AS to UE-1)

INVITE sip:userl publicl@homel.net SIP/2.0
Via:

To:

From:

Call-ID:

CSeq:

Max-Forwards:
P-Asserted-Identity:

Require:

Contact:

Allow:

Content-Type: application/sdp
Content-Length: (..)

v=0

o=- 1027933615 1027933615 IN IP4 132.54.76.98
S=-

c=IN IP4 132.54.76.98

t=0 0

m=audio 2000 RTP/AVP 96 97

b=AS:25.4

a=rtpmap:96 AMR

a=fmtp:96 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:97 telephone-event

a=maxptime:20

m=video 0 RTP/AVP 98 99

a=sendonly

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0

a=rtpmap:99 MP4V-ES

23-24. SIP 200 (OK) response (from UE-1to SCC-AYS)

The controller UE acknowledges the SIP re-INVITE request by sending SIP 200 (OK) response to SCC-AS.
25-26. SIP ACK request (from SCC-ASto UE-1)

SCC-AS sends SIP ACK request to the controllel UE, UE-1 in response to SIP 200 (OK) response.

27-28. SIP NOTIFY request (from SCC-ASto conroller UE, UE-1)

SCC-AS sends SIP NOTIFY reguest to controller UE, UE-1 to inform about the success status if the inter-UE transfer.
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Table A.13.2-8 SIP NOTIFY request (SCC-AS to UE-1)

NOTIFY

Via:

To: sip:userl pubicl@homel.net; tag=24680
From: sip:scc-as@homel.net; tag=13579
Call-ID:

CSeq:

Max-Forwards:

P-Asserted-Identity:

Require:

Contact: sip: scc-as@homel.net

Allow:

Event: refer
Subscription-State:terminated; reason=noresource
Content-Type: message/sipfrag ;version=2.0
Content-Length: (..)

SIP/2.0 200 OK

m=video 1302 RTP/AVP 98 99
b=AS:75

a=rtpmap:98 H263

a=fmtp:98 profile-level-id=0
a=rtpmap:99 MP4V-ES

Editor"sNote:  Itisffsif content-type header with SDP is heeded in the body of the SIP NOTIFY request.
29-30. SIP 200 (OK) response (from controller UE to SCC-AYS)

The remote UE acknowledges the SIP NOTIFY request by sending SIP 200 (OK) response to SCC-AS.

A.13.3 Controller UE initiated media transfer from controllee UE to
another controllee UE

A.14 Signalling flows for release of collaborative session
for inter-UE transfer

A.14.1 Introduction

The signalling flows for release of Collaborative Session demonstrate how the session is released by the Controller UE
or by the remote party UE. The following signalling flow is included:

- subclause A.14.2 shows an example where the Controller UE initiates release of a Collaborative Session. It
demonstrates how the service control signalling and media path between the Controller UE and remote party UE
and the media path between the Controlee UE and the remote party are released as aresult of the session release;
and

- subclause A.14.3 shows an example where the remote party UE initiates release of a Collaborative Session.

A.14.2 Controller UE releases collaborative session

In this example, session release isinitiated by the Controller UE (UE 1), which isinvolved in the Collaborative Session
with UE 2 and the remote party UE (UE 3). The SCC AS ensures that all Controlee UEs involved in the Collaborative
Session receive arequest for session release in order to completely release the session ongoing with the remote party
UE.
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HPLMN of the originating UE HPLMN of the terminating UE
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1. Collaborative Session involving UE 1 and UE 2 in a dialog with UE 3. UE 1 is the Controller UE and UE 2 is the Controlee UE. UE 3 is the remote

end UE.
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Figure A.14.2-1: Release of Collaborative Session initiated by Controller UE

1. Collaborative Session currently existsin a dialog with UE 3

A Collaborative Session involving UE 1 and UE 2 existsin adialog with UE 3. Media paths exist between UE 1
and UE 3 and between UE 2 and UE 3. In this scenario, UE 1 isthe Controller UE in the Collaborative Session
and thus maintains service control signalling with the SCC AS.

2-3. SIPBYErequest (UE 1to SCC ASviaintermediate IM CN subsystem entities)

UE 1, acting as the Controller UE, initiates session release by sending a SIP BY E request towards the SCC AS.
Thereis no Inter UE transfer specific content in the BY E request.

4-6. SIPBYE request (SCC ASto UE 3viaintermediate IM CN subsystem entities)

The SCC AS routes the SIP BY E request to UE 3 indicating to the remote party UE that that the Controller UE
reguests that the session isto be released.

7-9. SIP 200 (OK) response (UE 3to SCC ASviaintermediate IM CN subsystem entities)
UE 3 responds to the received SIP BY E request with a SIP 200 (OK) response.
10-11. SIPBYE request (SCC ASto UE 2 viaintermediate IM CN subsystem entities)

The SCC AS, acting as arouting B2BUA, sends a SIP BY E request towards UE 2 to release the dialog it is
involved in with UE 3 viathe Collaborative Session. There is no Inter UE transfer specific content inthe BYE
request.

NOTE 1: The SIPBYE reguest to UE 2 (step 10) can occur in parallel with the SIP BY E reguest to UE 3 (step 4).
Alternatively, the SCC AS can send the SIP BY E request to UE 2 prior to sending the SIP BY E request to
UE 3.
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12-13. SIP 200 (OK) response (UE 2 to SCC ASviaintermediate IM CN subsystem entities)
UE 2 responds to the received SIP BY E request with a SIP 200 (OK) response.
14-15. SIP 200 (OK) response (SCC ASto UE 1viaintermediate IM CN subsystem entities)

Upon receiving SIP 200 (OK) responses from UE 2 and UE 3, the SCC AS responds to the SIP BY E request
from UE 1 with a SIP 200 (OK) response.

NOTE 2: The SIP 200 (OK) responsein step 14 can be sent earlier by the SCC ASin response to the SIPBYE
request received from UE 1(step 3). For example, the SCC AS can send the SIP 200 (OK) response to UE
1 after receiving the SIP 200 (OK) response from UE 3 (step 9).

A.14.3 Remote party UE releases collaborative session

In this example, session release isinitiated by the remote party UE (UE 3). UE 1 and UE 2 areincluded in a
Collaborative Session with the remote party UE. The SCC AS ensures that all Controlee UEsinvolved in the
Collaborative Session receive arequest for session release in order to completely release the ongoing session.

HPLMN of the originating UE HPLMN of the terminating UE
r—-r—-——"-"""" =" " ~"~"~"~"~"~"“~""~""~"—""—"—"—"——- | Rt
: I : :
Intermediate IM ! Intermediate IM
UE-1 UE-2 CN subsytem SCC AS CN subsytem UE-3
entitities entitities

1. Collaborative Session involving UE 1 and UE 2 in a dialog with UE 3. UE 1 is the Controller UE and UE 2 is the Controlee UE. UE 3 is the remote

end UE.
<— — — e Service CONtrol Signallingees ee— — — ->
- Media path between UE1 and UE 3 -
I
-t} Media path between UE2 and UE 3 -

-4——2. SIP BYE

44— 3. SIPBYE

4. SIP BYE——P~|

-4—5. SIP BYE

¢——6. SIP BYE

-4——7. SIP BYE

~——8. SIP BYE

L 9SIP200(OK}———
——10. SIP 200 (OK)—|

11. SIP 200 (OK)——#»|
I 12. SIP 200 (OK)—»

l—13. SIP 200 (OK)——
- 14.SIP200 (0K} |

—15. SIP 200 (OK)-—#»
Figure A.14.3-1: Release of Collaborative Session initiated by remote party UE

1. Collaborative Session currently existsin a dialog with UE 3

A Collaborative Session involving UE 1 and UE 2 existsin adialog with UE 3. Media paths exist between UE 1
and UE 3 and between UE 2 and UE 3. In this scenario, UE 1 isthe Controller UE in the Collaborative Session
and thus maintai ns service control signalling with the SCC AS.
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2-4. SIPBYE request (UE 3to SCC ASviaintermediate IM CN subsystem entities)

The remote party UE, UE 3, initiates session release by sending a SIP BY E request towards the Controller UE
viathe SCC AS serving the Controller UE. Thereisno Inter UE transfer specific content in the BY E request.

5-6. SIPBYE request (SCC ASto UE 1viaintermediate IM CN subsystem entities)

The SCC ASroutesthe SIPBYE request to UE 1, indicating to UE 1 that the remote party UE requests that the
session isto be released.

7-8. SIPBYE request (SCC ASto UE 2 viaintermediate IM CN subsystem entities)

The SCC AS, acting asarouting B2BUA sends a SIP BY E request to UE 2 to release the didog it isinvolved in
with UE 3 viathe Collaborative Session. Thereis no Inter UE transfer specific content in the BY E request.

NOTE 1: Step 7 can occur in parallel with step 5. Alternatively, step 7 can occur prior to step 5. The order in which
the SCC AS sendsthe SIP BYE requestsis not considered to be important.

9-10. SIP 200 (OK) response (UE 1to SCC ASviaintermediate IM CN subsystems entities)
UE 1 responds to the received SIP BY E request with a SIP 200 (OK) response.

NOTE 2: Step 9 can occur immediately after UEL has received the SIP BY E request in step 6.

11-12. SIP 200 (OK) response (UE 2 to SCC ASviaintermediate IM CN subsystems entities)
UE 2 respondsto the received SIP BY E request with a SIP 200 (OK) response.

13-15. SIP 200 (OK) response (SCC ASto UE 3viaintermediate IM CN subsystem entities)

Upon receiving SIP 200 (OK) responses from UE 1 and UE 2, the SCC AS respondsto the SIP BY E request
from UE 3 with a SIP 200 (OK) response.

NOTE 3: Step 13 can occur after the SCC AS has received the SIP BY E request step 4 since it is not necessary to
wait for SIP BY E requests from UE1 and UE2.
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A.15 Signalling flows for media adding/deleting within
collaborative session for inter-UE transfer

A.15.1 Introduction
A.15.2 Controller UE adds new media on controllee UE

A.15.3 Controller UE releases media

A.15.3.1 Controller UE releases media flow on controller UE

Intermediate Remote
UE-1 UE-2 IM CN entities SCCAS Party
I
- == === -+ t -Collabarative session controk = = = = = = = = E -
|
| Media-A between UE-1 and Remote Party: -
|
[«f———Media-B between UE-1 and Remote Party——p»|
1. re-INVITE
! S— 2. re-INVITE
Media-A=0 Media-A=0 |
3. re-INVITE
c=UE-1
l— Media-A=0 ——
c=UE-2
Media-B
4. re-INVITE
c=UE-1
Media-A=0 ———— P>
c=UE-2
Media-B
|
5.200 OK
c=UE-1
|t Media-A=0
c=UE-2
6.2000k Media-B
c=UE-1
Media-A=0—p»|
c=UE-2
Media-B
[t 7.ACK:
8.ACK: P
9. 200 (OK)
10. 200 (OK) ‘Czﬁnzn;;tizgrty_
<—— —c=Remote Party-
Media-A=0
11.ACK |
12.ACK: P
- —————— t -Collabarative session controk = = = = = = = = >
| «———————NMedia-B between UE-2 and Remote Party—————p»

Figure A.15.3.1: Controller UE releases media flow on controller UE

NOTE 1: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.
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It isassumed that UE-1 is Controller UE having collaborative session control. A user has a multimedia session on his
device UE-1 with voice (Media A) and UE-2 with video (Media B) media flows. Subsequently, the UE-1 (Controller
UE) removes the media A flow that is active on Remote Party.

1. SIPreINVITE request (UE-1tointermediate IM CN subsystem entities)- see examplein table A.15.3.1-1

UE-1 sendsa SIP re-INVITE request towards Remote Party indicating Media A isto beremoved in SDP offer.

Table A.15.3.1-1: SIP re-INVITE request (UE-1 to intermediate IM CN subsystem entities)

INVITE <sip:userR_public@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c9le6bf6> SIP/2.0

Via:SIP/2.0/UDP [3333::eee:fff:aaa:bbb]:1357;comp=sigcomp;branch=z9hG4bKnashds?7

Max-Forwards: 70

Route: <sip:pcscfl.visitedl.net:7531;1r;comp=sigcomp>, <sip:orig@scscfl.homel.net;lr>

P-Asserted-Identity: "John Doe" <sip:userl publicl@homel.net>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151DOFCE11l

Privacy: none

From:

To:

Call-ID:

Cseq: 127 INVITE

Require: sec-agree

Proxy-Require: sec-agree

Supported: 100rel, precondition

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

Contact: <sip: userl public@homel.net>;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c67t6br4s>

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY

Accept: application/sdp, application/3gpp-ims+xml

Content-Type: application/sdp

Content-Length: (..)

<
o

o=- 2987933615 2987933615 IN IP6 3333::aaa:bbb:ccc:ddd

=0 0

m=audio 0 RTP/AVP 97

c=IN IP6 3333::aaa:bbb:ccc:ddd
a=rtpmap:97 PCMU/8000

m=video 0 RTP/AVP 98

c=IN IP6 4444::aaa:bbb:ccc:ddd
a=rtpmap:98 MPV/90000

0

Editor"s Note: whether the controller UE needs to take all the SDP information for the mediain other controllee UE
inthe SIP INVITE request is FFS.

2. SIPreINVITE request

Intermediate IM CN subsystem entities forward the SIP re-INVITE request to SCC AS according to standard IMS
procedure.

3. SIPrelINVITE request (SCC AStointermediate IM CN subsystem entities) - see examplein table A.15.3.1-3

SCC AS sends a SIP re-INVITE request with all the mediainformation at the remote party, set the post number for
media A to 0, and forwards it towards Remote party through intermediate IM CN subsystem entities.
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Table A.15.3.1-3: SIP re-INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE <sip:userR _public2@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c9le6bf6> IP/2.0

Via: SIP/2.0/UDP sccasl.homel.net;branch=z9hG4bK240£f34.12

Max-Forwards: 70

Route: <sip:orig@scscfl.homel.net;lr>

P-Asserted-Identity: "John Doe" <sip:userl publicl@homel.net>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151DOFCE11l

Privacy: none

From:

To:

Call-ID:

Cseq: 127 INVITE

Require: sec-agree

Proxy-Require: sec-agree

Supported: 100rel, precondition

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

Contact:

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY

Accept: application/sdp, application/3gpp-ims+xml

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 3333::aaa:bbb:ccc:ddd

00

=audio 0 RTP/AVP 97

c=IN IP6 3333::aaa:bbb:ccc:ddd
a=rtpmap:97 MPV/90000

m=video 8888 RTP/AVP 98

c=IN IP6 4444::aaa:bbb:ccc:ddd
a=rtpmap:98 MPV/90000

s
t
m

4. SIPre-INVITE request

Intermediate IM CN subsystem entities forward the SIP re-INVITE request to Controller UE according to standard IMS

procedure.

5. SIP 200 (OK) response (Remote party to intermediate IM CN subsystem entities) - see examplein
table A.15.3.1-5

Remote Party responses SIP 200 (OK) response with SDP answer.

Table A.15.3.1-5: SIP 200 (OK) response (Remote party to IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=dahtadfz4radgs.12, SIP/2.0/UDP
scscf2.homel.net;branch=hsdf1df343.12, SIP/2.0/UDP
scscfl.homel.net;branch=hsdfldf56322cc.13, SIP/2.0/UDP
sccasl.homel .net;branch=z9hG4bKnas34r2.21

From:

To:

Call-ID:

Cseq: 127 INVITE

Supported: 100rel; precondition

Contact:

Allow:

Accept: application/sdp;

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933300 2987933300 IN IP6 5555::aaa:bbb:ccc:ddd
g=-

c=IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=audio 0 RTP/AVP 97

a=rtpmap:97 MPV/90000

m=video 6666 RTP/AVP 98

a=rtpmap:98 MPV/90000
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6. SIP 200 (OK) response

7. SIP ACK request (SCC ASto intermediate|M CN subsystem entities)

SCC AS sendsa SIP ACK reguest to remote party through the intermediate IM CN subsystem entities.
8. SIP ACK request (intermediate IM CN subsystem entitiesto Remote party)

9-10. SIP 200 (OK) response (SCC ASto UE-1 through intermediate IM CN subsystem entities)
SCC AS responses SIP 200 (OK) response with SDP answer indicate that Media-A has been removed
11-12. SIP ACK request (Controller UE to SCC AS)
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A.15.3.2 Controller UE releases media flow on controllee UE

A.15.3.2.1

UE-1 UE-2

+ Collaborative session controk = = = = = = = =

Controller UE remove media at the controllee UE
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Figure A.15.3.2.1:Controller UE remove media at the controllee UE

1-2.
table A.15.3.2-1

SIP REFER request (Controller UE to intermediate IM CN subsystem entities) — see examplein

It isassumed that UE-1 is Controller UE having collaborative session control. A user has a multimedia session on his
device UE-1 with avoice (Media A) and UE-2(Controllee UE) with avideo (Media B) media flows and avoice (Media
C). The controller UE wants to remove the video media (Media B) component on the controllee UE.
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Table A.15.3.2.1-1 SIP REFER request (UE-1 to SCC-AS)

REFER sip:scc-as@homel.net SIP/2.0

Via:

To: sip:scc-as@homel.net; tag=24680

From: sip:userl pubicl@homel.net;tag = 13579

Call-ID: cb03a0s09a2sdfglkj490333

CSeqg: 93809824 REFER

Max-Forwards: 70

P-Preferred-Identity:

Refer-To: sip:user2 public2@home2.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a762-00a0c91le6bfs6
Require: target-dialog

Target-dialog: cb03a0s09a2sdfglkjl3579; to-tag=abcdef; from-tag=123456
Contact: sip:userl publicl@homel.net

Allow:

Accept:

Content-Type:

Content-Length:

Editor"s Note: The content of the SIP REFER request needs FFS.
3-4. SIP 202 (Accepted) response
SCC-AS sends SIP 202 ACCEPTED response to the controller UE-1 as response to the SIP REFER request.

5-6. SIPNOTIFY request (SCC ASto UE-1through intermediate IM CN subsystem entities)-see examplein
table A.15.3.2-5

SCC-AS sends SIP NOTIFY request to UE-1 to notify implicit subscription to the SIP REFER request results.

Table A.15.3.2.1-5 SIP NOTIFY request (SCC-AS to UE-1)

NOTIFY

Via:

To: sip:userl pubicl@homel.net;tag=24680
From: sip:scc-as@homel.net;tag=13579
Call-ID:

CSeq:

Max-Forwards:

P-Asserted-Identity:

Require:

Contact: sip: scc-as@homel.net

Allow:

Event: refer

Subscription-State: active;expires=3600
Content-Type: message/sipfrag ;version=2.0
Content-Length: (..)

SIP/2.0 100 Trying

7-8. SIP 200 OK response (UE-1to SCC-ASthrough intermediate IM CN subsystem entities)
The controller UE, UE-1, acknowledges the SIP NOTIFY request by sending SIP 200 OK response to SCC-AS.
9-10. SIPre INVITE request (SCC ASto UE-2 through intermediate IM CN subsystem entities)
SCC AS sendsa SIP re-INVITE regquest towards Controllee UE (UE-2).
11-12. SIP 200 (OK) response (UE-2 to SCC ASthrough intermediate IM CN subsystem entities)
13.SIPre INVITE request (SCC ASto intermediate IM CN subsystem entities) - see examplein table A.15.3.2-13

SCC AS sends a SIP re-INVITE request with all the mediainformation at the remote party, set the port number for
media B to 0, and forwards it to remote party through intermediate IM CN subsystem entities.
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Table A.15.3.2.1-13: SIP re-INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE <sip:userR publicl@homel.net;gr=urn:uuid:f81ld4fae-7dec-11d0-a762-00a0c9le6bf6> SIP/2.0

Via: SIP/2.0/UDP sccasl.homel.net;branch=z9hG4bKnas34r2.12

Max-Forwards: 70

Route: <sip:orig@scscfl.homel.net;lr>

P-Asserted-Identity: "John Doe" <sip:userl publicl@homel.net>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151DOFCE11l

Privacy: none

From:

To:

Call-ID:

Cseq: 127 INVITE

Require: sec-agree

Proxy-Require: sec-agree

Supported: 100rel, precondition

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

Contact: <sip: userl public@homel.net>; gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c67t6brs>

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY

Accept: application/sdp, application/3gpp-ims+xml

Content-Length:0

v=0

o=- 2987933615 2987933615 IN IP6 3333::aaa:bbb:ccc:ddd
g=-

c=IN IP6 3333::aaa:bbb:ccc:ddd
t=0 0

m=audio 6666 RTP/AVP 97
a=rtpmap:97 PCMU/8000

m=audio 4567 RTP/AVP 97
a=rtpmap:97 PCMU/8000

m=video 0 RTP/AVP 98
a=rtpmap:98 MPV/90000

14.SIPre-INVITE request (intermediate IM CN subsystem entitiesto Remote Party)

15. SIP 200 (OK) response (Remote party to intermediate IM CN subsystem entities) - see examplein
table A.15.3.2-15

Remote party send a SIP 200 (OK) response with SDP answer.

Table A.15.3.2.1-15 SIP 200 (OK) (Remote Party to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=343asdfaredfatz.12, SIP/2.0/UDP
scscf2.homel.net;branch=fsc35avhthaz4.22, SIP/2.0/UDP
scscfl.homel.net;branch=fsc35avhthaz4.12, SIP/2.0/UDP
sccasl.homel .net;branch=z9hG4bKnas34r2.14

From:

To:

Call-ID:

Cseq: 127 INVITE

Supported: 100rel; precondition

Contact:

Allow:

Accept: application/sdp;

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933300 2987933300 IN IP6 5555::aaa:bbb::ccc:ddd
g=-

c=IN IP6 5555::aaa:bbb::ccc:ddd
t=0 0

m=audio 4444 RTP/AVP 97
a=rtpmap:9777 PCMU/8000

m=audio 4545 RTP/AVP 97
a=rtpmap:97 PCMU/8000

m=video 0 RTP/AVP 98
a=rtpmap:98 MPV/90000

16. SIP 200 (OK) response (inter mediate IM CN subsystem entitiesto SCC AS)
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17-18. SIP ACK request (SCC AStoremote party)
19-20. SIP ACK request (from SCC-ASto UE-2)
21-22. SIP NOTIFY request (SCC-ASto UE-1)-see exampletable A.15.3.2-21

SCC-AS sends SIP NOTIFY request to controller UE, UE-1 to inform about the success status of the inter-UE transfer.

Table A.15.3-2.1-21 SIP NOTIFY request (SCC-AS to UE-1)

NOTIFY

Via:

To: sip:userl_pubicl@homel.net;tag = 13579
From: sip:scc-as@homel.net;tag = 24680
Call-ID:

CSeq:

Max-Forwards:

P-Asserted-Identity:

Require:

Contact: sip: scc-as@homel.net

Allow:

Event: refer
Subscription-State:terminated; reason=noresource
Content-Type: message/sipfrag ;version=2.0
Content-Length: (..)

SIP/2.0 200 OK

Editor"s Note: Whether the SDP information is needed in the SIP NOTIFY request is FFS.
23-24. SIP 200 OK response (UE-1to SCC-AYS)

The controller UE,UE-1 acknowledges the SIP NOTIFY request by sending a SIP 200 OK response to SCC-AS.
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A.15.3.2.2 Controller UE remove the controllee UE form the collaborative session
Intermediate Remote
UE-1 UE-2 IM CN entities SCCAS Party
I
- —————— t -Collabarative session controk = = = = = = = = >
|
-} Media-A between UE-1 and Remote Party |
|
l——Media-B between UE-2 and Remote Party—————————p»|
1. REFER 2 REFER
Refer-To: UE-2 P Refer-To: UE-2 »
<remove Media-B> <remove Media-B>
. 202 A —
-§——4. 202 Accepted 3. 202 Accepted
I
6.NOTIFY. l—5.NOTIFY-
[
. — P
7.200 OK ——28. 200 OK—»
et 9. BYE:
-t 10. BYE
11.2 K:
00OK=—1 15200 Ok—p»
13. re-INVITE
c=UE-1
l— Media-A —
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14. re-INVITE
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Media-A — P
c=UE-2
Media-B=0
|
15. 200 (OK)
c=Remote Party
———— )
Media-A
Media-B=0
16. 200 (OK)
c=Remote Party
MediaA ™
Media-B=0
—17. ACK-
18. ACK————
-4—19.ACK:
-t 20.ACK:
22 NOTIFY. l—21.NOTIFY——
|
23.200 OK———p»
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- —————— t -Collabarative session controk = = = = = = = = >
|
|- Media-A between UE-1 and Remote Party -

Figure A.15.3.2.2:Controller UE remove the controllee UE from the collaborative session

1-2.
table A.15.3.2.2-1

SIP REFER request (Controller UE to intermediate IM CN subsystem entities) — see examplein

It isassumed that UE-1 is Controller UE having collaborative session control. A user has a multimedia session on his
device UE-1 with avoice (Media A) and UE-2(Controllee UE) with avideo (Media B) mediaflow. The controller UE
wants to remove the controllee UE from the collaborative session.
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Table A.15.3.2.2-1 SIP REFER request (UE-1 to SCC-AS)

REFER sip:scc-as@homel.net SIP/2.0

Via:

To: sip:scc-as@homel.net; tag=24680

From: sip:userl pubicl@homel.net;tag = 13579

Call-ID: cb03a0s09a2sdfglkj490333

CSeqg: 93809824 REFER

Max-Forwards: 70

P-Preferred-Identity:

Refer-To: <sip:user2 public2@home2.net;gr=urn:uuid:f81d4fae-7dec-11d0-a762-
00a0c91e6bf6;method=BYE>

Require: target-dialog

Target-dialog: cb03a0s09a2sdfglkj1l3579; to-tag=abcdef; from-tag=123456

Contact: sip:userl publicl@homel.net

Allow:

Accept:

Content-Type:

Content-Length:

Editor's Note: The content of the REFER request needs FFS.
3-4. SIP 202 (Accepted) response
SCC-AS sends SIP 202 ACCEPTED response to controller UE-1 as response to SIP REFER request.

5-6. SIPNOTIFY request (SCC ASto UE-1through intermediate IM CN subsystem entities)-see examplein
table A.15.3.2.2-5

SCC-AS sends SIP NOTIFY request to UE-1 to notify implicit subscription to the REFER request results.

Table A.15.3.2.2-5 SIP NOTIFY request (SCC-AS to UE-1)

NOTIFY

Via:

To: sip:userl pubicl@homel.net;tag=24680
From: sip:scc-as@homel.net;tag=13579
Call-ID:

CSeq:

Max-Forwards:

P-Asserted-Identity:

Require:

Contact: sip: scc-as@homel.net

Allow:

Event: refer

Subscription-State: active;expires=3600
Content-Type: message/sipfrag ;version=2.0
Content-Length: (..)

SIP/2.0 100 Trying

7-8. SIP 200 OK response (UE-1to SCC-ASthrough intermediate IM CN subsystem entities)
The controller UE, UE-1, acknowledges the SIP NOTIFY request by sending SIP 200 OK to SCC-AS.
9-10. SIPBYE request (SCC ASto UE-2 through intermediate IM CN subsystem entities)

SCC AS sendsa SIP BY E request towards Controllee UE (UE-2).
11-12. SIP 200 (OK) response (UE-2 to SCC ASthrough intermediate IM CN subsystem entities)

13.SIPre INVITE request (SCC ASto intermediate IM CN subsystem entities) - see examplein table A.15.3.2.2-
13

SCC AS sends a SIP re-INVITE request with all the mediainformation at the remote party, set the port number for
media B to 0, and forwards it to remote party through intermediate IM CN subsystem entities.
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Table A.15.3.2.2-13: SIP re-INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE <sip:userR publicl@homel.net;gr=urn:uuid:f81ld4fae-7dec-11d0-a762-00a0c9le6bf6> SIP/2.0

Via: SIP/2.0/UDP sccasl.homel.net;branch=z9hG4bKnas34r2.12

Max-Forwards: 70

Route: <sip:orig@scscfl.homel.net;lr>

P-Asserted-Identity: "John Doe" <sip:userl publicl@homel.net>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151DOFCE11l

Privacy: none

From:

To:

Call-ID:

Cseq: 127 INVITE

Require: sec-agree

Proxy-Require: sec-agree

Supported: 100rel, precondition

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

Contact: <sip: userl public@homel.net>; gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c67t6brs>

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY

Accept: application/sdp, application/3gpp-ims+xml

Content-Length:0

v=0

o=- 2987933615 2987933615 IN IP6 3333::aaa:bbb:ccc:ddd
g=-

c=IN IP6 3333::aaa:bbb:ccc:ddd

t=0 0

m=audio 6666 RTP/AVP 97

a=rtpmap:97 PCMU/8000

m=video 0 RTP/AVP 98

a=rtpmap:98 MPV/90000

14.SIPre-INVITE request (intermediate IM CN subsystem entitiesto Remote Party)

15. SIP 200 (OK) response (Remote party to intermediate IM CN subsystem entities) - see examplein
table A.15.3.2.2-15

Remote party send a SIP 200 (OK) response with SDP answer.

Table A.15.3.2.2-15 SIP 200 (OK) response (Remote Party to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=343asdfaredfatz.12, SIP/2.0/UDP
scscf2.homel .net;branch=fsc35avhthaz4 .22, SIP/2.0/UDP
scscfl.homel .net;branch=fsc35avhthaz4.12, SIP/2.0/UDP
sccasl.homel.net;branch=z9hG4bKnas34r2.14

From:

To:

Call-ID:

Cseq: 127 INVITE

Supported: 100rel; precondition

Contact:

Allow:

Accept: application/sdp;

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933300 2987933300 IN IP6 5555::aaa:bbb::ccc:ddd
S=-

c=IN IP6 5555::aaa:bbb::ccc:ddd

t=0 0

m=audio 4444 RTP/AVP 97

a=rtpmap:9777 PCMU/8000

m=video 0 RTP/AVP 98

a=rtpmap:98 MPV/90000

16. SIP 200 (OK) response (inter mediate IM CN subsystem entitiesto SCC AS)
17-18. SIP ACK request (SCC ASto remote party)
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19-20. SIP ACK request (from SCC-ASto UE-2)
21-22. SIP NOTIFY request (SCC-ASto UE-1)-see examplein table A.15.3.2.2-21

SCC-AS sends SIP NOTIFY reguest to controller UE, UE-1 to inform about the success status of the inter-UE transfer.

Table A.15.3.2.2-21 SIP NOTIFY request (SCC-AS to UE-1)

NOTIFY

Via:

To: sip:userl_pubicl@homel.net;tag = 13579
From: sip:scc-as@homel.net;tag = 24680
Call-ID:

CSeq:

Max-Forwards:

P-Asserted-Identity:

Require:

Contact: sip: scc-as@homel.net

Allow:

Event: refer
Subscription-State:terminated; reason=noresource
Content-Type: message/sipfrag ;version=2.0
Content-Length: (..)

SIP/2.0 200 OK

Editor's Note: Whether the SDP information is needed in the SIP NOTIFY request is FFS.
23-24. SIP 200 OK response (UE-1to SCC-AYS)

The controller UE,UE-1 acknowledges the SIP NOTIFY request by sending a SIP 200 OK response to SCC-AS.
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A.15.4 Controllee UE releases media

Intermediate SCC Remote
UE-1 UE-2 IM CN entities AS Party
[
- —————- Collabarative session control ——————— E -

~——  —Media-A between UE 1 and Remote Party—>
¢——NMedia-B between UE-2 and Remote Party———p

—1.re-INVITE—»__ > (e_INVITE=»
-3, re-INVITE—

— 4, re-INVITE
I

5, 200 (OK) ™6, 200 (OK)»

4—7, ACK——

- 8, ACK
9. re-INVITE
c=UE-1
l@— Media-A ——
c=UE-2
Media-B=0
10. re-INVITE
c=UE-1

Media-A ———
c=UE-2
Medila-B=0
11. 200 (OK)
c=Remote Party
Media-A
Media-B=0

-

12. 200 (OK)
| c=Remote Party
Media-A >
Media-B=0

13. 200 (OK)—
<«—14. 200 (OK)—

15. ACK—»

——16. ACK—»»|

¢—17. ACK——
18. ACK————

- Collabarative session control------- >
- Media-A between UEI-1 and Remote Party————

Figure A.15.4: Controllee UE releases media

NOTE 1: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

It isassumed that UE-1 is Controller UE having collaborative session control. a user has a multimedia session on his
device UE-1 with voice (Media A) and UE-2(Controllee UE) video (Media B) media flows. Subsequently, the UE-2
(Controllee UE) removes the media B flow that is active on Remote Party.

1-2. SIPre INVITE request (UE-2to SCC ASthrough IM CN subsystem entities)

A UE-2 wants to release media B active on remote party. For this purpose the UE-2 sends a SIP re-INVITE request to
the SCC AS through the IM CN subsystem entities.

3. SIPre-INVITE request (from SCC-ASto intermediate IM CN subsystem entities) - see examplein table A.15.4-
3

SCC-AS sends SIP re-INVITE request to controller UE, UE-1 to inform that the controllee UE wants to release one
media, and SCC AS would like to add this media back to the controller UE.
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Table A.15.4-3: SIP re-INVITE request (SCC AS to controller UE)

INVITE <sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a762-00a0c9le6bf6> SIP/2.0
Via: SIP/2.0/UDP sccasl.homel.net;branch=z9hG4bKnas34r2.12

Max-Forwards: 70

Route: <sip:orig@scscfl.homel.net;lr>

P-Asserted-Identity: "John Doe" <sip:user3 public3@home3.net>

Privacy: none

From:

To:

Call-ID:

Cseq: 127 INVITE

Require:

Contact: <sip: user3_public3@home3.net>; gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c67t6br4d>
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY
Content-type: application/sdp

Content-Length: (..)

<
o

2987933615 2987933615 IN IP6 3333::aaa:bbb:ccc:ddd

(o]
| | R
1

(o]
o 1

0

m=audio 5555 RTP/AVP 97

c=IN IP6 3333::aaa:bbb:ccc:ddd
a=rtpmap:97 PCMU/90000

m=video 3000 RTP/AVP 98

c=IN IP6 4444::aaa:bbb:ccc:ddd
a=rtpmap:98 MPV/90000

4. SIPre-INVITE request (intermediate IM CN subsystem entities to controller UE, UE-1)

5. SIP 200 (OK) response (controller UE, UE-1 to intermediate IM CN subsystem entities) - see examplein
table A.15.4-5

In this case, the controller UE does not want to add this media on itself, but like to delete this media within the
collaborative session. The controller UE cknowledges the SIP re-INVITE request by sending SIP 200 (OK) response to
SCC-AS with the port number set to zero for this media.

Table A.15.4-5: SIP 200 (OK) (controller UE to SCC AS)

SIP/2.0 200 OK

Via:

From:

To:

Call-ID:

Cseq:

Contact: <sip: userl publicle@homel.net>; gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c43t6brs>
Allow:

Content-Type: application/sdp

Content-Length: (..)

v=0
o=- 2987933300 2987933300 IN IP6 5555::aaa:bbb::ccc:ddd

T Q0
L L (|

IN IP6 5555::aaa:bbb::ccc:ddd
00

m=audio 4444 RTP/AVP 97
a=rtpmap:97 PCMU/8000

m=video 0 RTP/AVP 98
a=rtpmap:98 MPV/9000

6. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto SCC AS)

7-8.51P ACK (SCC ASto controller UE)

9. SIPrelINVITE request (SCC AStointermediate IM CN subsystem entities)-see examplein table A.15.4-9
SCC AS sendsa SIP re-INVITE request to update the remote leg that the meida B shall be released..
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Table A.15.4-9: SIP re-INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE <sip:user3 public3@home3.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a762-00a0c9le6bf6> SIP/2.0
Via: SIP/2.0/UDP sccasl.homel.net;branch=z9hG4bKnas34r2.12

Max-Forwards:

Route: <sip:orig@scscfl.homel.net;lr>

P-Asserted-Identity: "Jake" <sip:userl publicl@homel.net>

Privacy: none

From: <sip:userl publicl@homel.net>;tag=171828

To: <sip:user3 pubic3@home3.net>;tag = 66666

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

Supported: 100rel, precondition

Contact: <sip: userl publicl@homel.net>; gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c43t6brd>
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY

Accept: application/sdp

ontent-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 3333::aaa:bbb:ccc:ddd
S=-

t=0 0

m=audio 5555 RTP/AVP 97

c=IN IP6 3333::aaa:bbb:ccc:ddd

a=rtpmap:97 PCMU/90000

m=video 0 RTP/AVP 98

c=IN IP6 4444::aaa:bbb:ccc:ddd

a=rtpmap:98 MPV/90000

10. SIPre-INVITE request (intermediate IM CN subsystem entities to remote party)

11. SIP 200 (OK) response (Remote Party to intermediate IM CN subsystem entities) - see examplein
table A.15.4-11

Remote Party response  SIP 200 (OK) with SDP offer containing Media A and Media B information.

Table A.15.4-11: SIP 200 (OK) (Remote Party to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via:

To:

Call-ID:

Cseq: 127 INVITE

Supported: 100rel; precondition
Contact: <sip: user3_public3@home3.net>; gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c67t6br4d>
Allow:

Accept: application/sdp;
Content-Type: application/sdp
Content-Length: (..)

v=0

o=- 2987933300 2987933300 IN IP6 5555::aaa:bbb::ccc:ddd
g=-

c=IN IP6 5555::aaa:bbb::ccc:ddd

t=0 0

m=audio 4444 RTP/AVP 97

a=rtpmap:97 PCMU/8000

m=video 0 RTP/AVP 98

a=rtpmap:98 MPV/9000

12. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto SCC AS)
13-14. SIP 200 (OK) response (SCC ASto UE-2 through IM CN subsystem entities)
SCC ASresponse 200 (OK).

15-16. SIP ACK (controllee UE to SCC AS)

17-18. SIP ACK (SCC AS to Remote Party)
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A.15.5 Controllee UE modifies media on itself

UE-1

UE-2

Intermediate Remote
IM CN entities SCCAS Party
I
r -Collabarative session controk = = = = = = = - E -
|
Media-A between UE-1 and Remote Party -
|
l——Media-B between UE-2 and Remote Party—————————p»|
[ 1reNVITE o 2 re-INVITE
Media-B T Media-B ™|
3. re-INVITE
c=UE-1
l@— Media-A ——
c=UE-2
Media-B
4. re-INVITE
c=UE-1
Media-A ——p
c=UE-2
Media-B
5. 200 (OK)
I c=Remote Party
Media-A
Media-B
6. 200 (OK)
c=Remote Party
T MediaA ™)
Media-B
[t 7. ACK:
8. ACK: -
10. 200 (OK) 9. 200 (OK)
-—c=Remote Party <&c=Remote Party—
Media-B Media-B
11. ACK: . 12. ACK—p»
———————— + -Collabarative session control = = = = = = = — |
I
Media-A between UE-1 and Remote Party -
[«g———————NMedia-B between UE-2 and Remote Party———p»|

Figure A.15.5: Controllee UE modifies media on itself

NOTE 1: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

It isassumed that UE-1 is Controller UE having collaborative session control. A user has a multimedia session on his
device UE-1 with voice (Media A) and UE-2 with video (Media B) media flows. Subsequently, the UE-2 (Controllee
UE) modifies the media B flow that is active on Remote Party.

1.SIPre INVITE request (UE-2 to intermediate IM CN subsystem entities)- see examplein table A.15.5-1

UE-2 sendsa SIP re-INVITE request towards Remote Party containing Media B using SDP offer.
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Table A.15.5-1: SIP re-INVITE request (UE-2 to intermediate IM CN subsystem entities)

INVITE <sip:userR publicl@homel.net;gr=urn:uuid:f81ld4fae-7dec-11d0-a765-00a0c9le6bf6> SIP/2.0

Via:SIP/2.0/UDP [4444::aaa:bbb:ccc:ddd] :1357;comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscfl.visitedl.net:7531;1r;comp=sigcomp>, <sip:orig@scscfl.homel.net;lr>

P-Asserted-Identity: "John Doe2" <sip:userl public2@homel.net>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151DOFCE11l

Privacy: none

From:

To: Call-ID:

Cseq: 127 INVITE

Require: sec-agree

Proxy-Require: sec-agree

Supported: 100rel, precondition

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

Contact: <sip: userl public@homel.net>; gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00al0c67t6br4>Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE,
NOTIFY

Accept: application/sdp, application/3gpp-ims+xml

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 4444::aaa:bbb:ccc:ddd
S=-

c=IN IP6 4444::aaa:bbb:ccc:ddd

t=0 0

m=video 4444 RTP/AVP 98

a=rtpmap:98 MPV/90000

2. SIPreINVITE request (intermediate IM CN subsystem entitiesto SCC AS)

Intermediate IM CN subsystem entities forward the SIP re-INVITE request to SCC AS according to standard IMS
procedure.

3. SIPre INVITE request (SCC ASto intermediate IM CN subsystem entities) - see examplein table A.15.5-3

SCC AS sends a SIP re-INVITE request to Remote party through the intermediate IM CN subsystem entities containing
Media A and Media B information in SDP offer.
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Table A.15.5-3: SIP re-INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE <sip:userR publicl@homel.net;gr=urn:uuid:f81ld4fae-7dec-11d0-a765-00a0c9le6bf6> SIP/2.0
Via: SIP/2.0/UDP sccasl.homel.net;branch=z9hG4bK240a48.12
Max-Forwards: 70

Route:

P-Asserted-Identity:

P-Access-Network-Info:

Privacy:

From:

To:

Call-ID:

Cseq:

Require:

Proxy-Require:

Supported:

Security-Verify:

Contact:

Allow:

Accept:

Content-Type:

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 3333::aaa:bbb:ccc:ddd
S=-

t=0 0

m=audio 2222 RTP/AVP 97

c=IN IP6 3333::aaa:bbb:ccc:ddda=rtpmap:97 MPV/90000
m=video 4444 RTP/AVP 98

c=IN IP6 4444::aaa:bbb:ccc:ddd

a=rtpmap:98 MPV/90000

4. SIPre- INVITE request (intermedialM CN subsystem entitiesto Remote party)

5. SIP 200 (OK) response (Remote Party to intermediate IM CN subsystem entities) - see examplein
table A.15.5-5

Remote Party response  SIP 200 (OK) response with SDP answer.

Table A.15.5-5: SIP 200 (OK) response (Remote Party to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf2.visited2.net;branch=z9hG4bK240£26.3, SIP/2.0/UDP
scscf2.homel .net;branch=2z9hG4bK332d25.1, SIP/2.0/UDP
scscfl.homel.net;branch=2z9hG4bK332d25.2, SIP/2.0/UDP
sccasl.homel.net;branch=z9hG4bK240a48.12

From:

To:

Call-ID:

Cseq: 127 INVITE

Supported: 100rel; precondition

Contact:

Allow:

Accept: application/sdp;

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933300 2987933300 IN IP6 5555::aaa:bbb:ccc:ddd
g=-

c=IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=audio 4444 RTP/AVP 97

a=rtpmap:97 PCMU/8000

m=video 6666 RTP/AVP 98

a=rtpmap:98 MPV/90000

6. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto SCC AS)
7-8. SIPACK request (SCC AS to Remote party through intermediate IM CN subsystem entities)
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SCC AS sendsan SIP ACK request to Remote Party through intermediate IM CN subsystem entities.
9. SIP 200 (OK) response (SCC ASto intermediate IM CN subsystem entities) - see examplein table A.15.5-9

SCC ASresponse SIP 200 (OK) response containing Media B information and send it to UE-2 through intermediate IM
CN subsystem entities

Table A.15.5-9 SIP 200 OK response (SCC AS to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP sccasl.homel.net;branch=z9hG4bK240f42.22,
From:

To:

Call-ID:

Cseq: 127 INVITE

Supported: 100rel; precondition
Contact:

Allow:

Accept: application/sdp;
Content-Type: application/sdp
Content-Length: (..)

v=0

o=- 2987933300 2987933300 IN IP6 5555::aaa:bbb:ccc:ddd
S=-

c=IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=video 6666 RTP/AVP 98

a=rtpmap:98 MPV/90000

10. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto UE-2)
11-12. SIP ACK request (UE-2to SCC ASthrough intermediate IM CN subsystem entities)
UE-2 sendsan SIP ACK request to intermediate IM CN subsystem entities which is terminated by SCC AS.

Editor's Note: Whether aNOTIFY is needed to send to the controller UE to inform that the characteristics of meida
B in controllee UE has modifed is FFS.

A.15.6 Remote party adds new media on controllee UE

It isassumed that UE-1 is controller UE having collaborative session control. A user has a multimedia session on his
device UE-1 with voice (Media A) and video (Media B) media flows. Subsequently, the Remote Party adds the media B
flow. In this scenario it is assumed that controller UE, UE-1 automatically initiates the addition of the new mediaon
UE-2 (Controllee) without first alerting the user and sends a SIP REFER request prior to sending back a SIP 200 (OK)
response to the SIP re-INVITE request.
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Figure A.15.6: Remote party add new media on Controllee UE

NOTE 1: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

1. SIPreINVITE request (Remote Party to intermediate IM CN subsystem entities) - see examplein table

A.15.6-1
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Remote Party sends a SIP re-INVITE request towards Controller UE (UE-1) indicating MediaB isto be added in SDP
offer.

Table A.15.6-1: SIP re-INVITE request (Remote Party to intermediate IM CN subsystem entities)

INVITE <sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c9le6bf6> SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd] :1357; comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscf2.visited2.net:7531;1r;comp=sigcomp>, <sip:orig@scscf2.homel.net;lr>

P-Asserted-Identity: "David Fan" <sip:user3_public3@home3.net>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151DOFCE11l

Privacy: none

From:

To:

Call-ID:

Cseq: 127 INVITE

Require: sec-agree

Proxy-Require: sec-agree

Supported: 100rel, precondition

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

Contact: <sip:user3_public3@home3.net;gr=urn:uuid:f81ld4fae-7dec-11d0-a765-00a0c67t6brs>

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY

Accept: application/sdp, application/3gpp-ims+xml

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
g=-

c=IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=audio 6666 RTP/AVP 97

a=rtpmap:97 PCMU/8000

m=video 4444 RTP/AVP 98

a=rtpmap:98 MPV/90000

2-4. SIPre-INVITE request

Intermediate IM CN subsystem entities forward the SIP re-INVITE request to UE-1 via SCC AS according to standard
IMS procedure.

5-6. SIP REFER request (UE-1to SCC ASthrough intermediate IM CN subsystem entities) - see examplein
table A.15.6-5

The controller UE determines to add the new media (Media B) on the controllee UE. The controller UE, UE-1 sends a
SIP REFER request to the SCC AS containing a Refer-To header field containing the GRUU of controllee UE, UE-2
and a body parameter containing an m line for audio set to 0 and an m line for video with the port number set to the port
number of the video medialine from the SDP offer in the SIP re-INVITE request from the remote UE. The SIP REFER
request also includes a Target-dialog header field containing the details of the dialog for the existing session between
controller UE, UE-1 and the remote UE.

Table A.15.6-5 SIP REFER request (UE-1 to SCC-AS)

REFER sip:scc-as@homel.net SIP/2.0

Via:

To: sip:user3_public3@home3.net

From: sip:userl_pubicl@homel.net;tag=34719

Call-ID: cb03a0s09a2sdfglkj490333

CSeq: 93809824 REFER

Max-Forwards: 70

P-Preferred-Identity:

Refer-To: <sip:userl public2@home2.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c91le6bf6?body=m%3Daudio%200%20RTP$2FAVP%2097%0Dm%3Dvideo%204444%20RTP%$2FAVP%2098>

Require: target-dialog

Target-dialog: cb03a0s09a2sdfglkj490333;remote-tag=13579;local-tag=24680

Contact: <sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c9le6bf6>

Allow:

Accept:message/sipfrag

Content-Length:0
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7-8. SIP 202 (Accepted) response
SCC-AS sends a SIP 202 ACCEPTED response to controller UE-1 as response to the SIP REFER request.

9-10. SIP NOTIFY request (SCC ASto UE-1 through intermediate IM CN subsystem entities)-see examplein
table A.15.3.2-5

SCC-AS sends a SIP NOTIFY request to UE-1 to notify implicit subscription to the SIP REFER request results.

Table A.15.3.2-5 SIP NOTIFY request (SCC-AS to UE-1)

NOTIFY sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c91le6bf6 SIP/2.0
Via:

To: sip:userl pubicl@homel.net;tag=67912

From: sip:user3 public3@home3.net;tag=34719

Call-ID:

CSeq:

Max-Forwards:

P-Asserted-Identity:

Require:

Contact: <sip:user3_public3@home3.net;gr=urn:uuid:f81ld4fae-7dec-11d0-a765-00a0c67t6brs>
Allow:

Event: refer

Subscription-State: active;expires=3600

Content-Type: message/sipfrag;version=2.0

Content-Length: (..)

SIP/2.0 100 Trying

11-12. SIP 200 (OK) response (UE-1to SCC-ASthrough intermediate IM CN subsystem entities)
The controller UE, UE-1, acknowledges the SIP NOTIFY request by sending a SIP 200 OK response to SCC-AS.

13-14. SIP 200 (OK) response (UE-1 to SCC-ASthrough intermediate IM CN subsystem entities)-see examplein
table A.15.6-13

The controller UE responds to the SIP re-INVITE request in step 4.

Table A.15.6-13: SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscfl.visitedl.net;branch=z9hG4bK240f34.3, SIP/2.0/UDP
scscfl.homel.net;branch=2z9hG4bK332b23.1, SIP/2.0/UDP
sccasl.homel.net;branch=z9hG4bKnas34r4.12

From:

To:

Call-ID:

Cseq: 127 INVITE

Supported: 100rel; precondition

Contact:

Allow:

Accept: application/sdp;

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933300 2987933300 IN IP6 3333::aaa:bbb:ccc:ddd
S=-

c=IN IP6 3333::ccc:ddd:aaa:bbb

t=0 0

m=audio 8888 RTP/AVP 97

a=rtpmap:97 PCMU/8000

m=video 0 RTP/AVP 98

15-16. SIP ACK (SCC ASto UE-1through intermediate IM CN subsystem entities)
17.SIP INVITE request (SCC ASto intermediate IM CN subsystem entities)-see examplein table A.15.6-15

Editor's Note: This message can be sent as soon as the SIP REFER request is received.

ETSI



3GPP TS 24.237 version 9.1.0 Release 9

142

ETSI TS 124 237 V9.1.0 (2010-01)

SCC AS sendsa SIP INVITE request towards UE-2 through intermediate IM CN subsystem entities indicating Media B

information in SDP offer.

Table A.15.6-17: SIP INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE sip:userl public2@homel.net;gr=urn:uuid:2ad8920e-48a5-4a74-8d99-ad76cc7fc74 SIP/2.0
Via: SIP/2.0/UDP sccasl.homel.net;branch=z9hG4bKnas34r2.12

Max-Forwards: 70

Route: <sip:term@scscfl.homel.net;lr>, <sip:pcscfl.visitedl.net:7538;1lr;comp=sigcomp>
P-Asserted-Identity: "John Doe" <sip:user3_public3@home3.net>

Privacy: none

From: <sip:user3_public3@home3.net>;tag=171828

To: <sip:userl public2@homel.net>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

Supported: 100rel, precondition

Referred-By: sip:userl_pubicl@homel.net

Contact: <sip:user3_public3@home3.net;gr=urn:uuid:f81ld4fae-7dec-11d0-a765-00a0c67t6brd>
Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY
Accept: application/sdp

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
g=-

c=IN IP6 4444::bbb:aaa:ccc:ddd

t=0 0

m=audio 0 RTP/AVP 97

m=video 4444 RTP/AVP 98

a=rtpmap:98 MPV/90000

18.SIP INVITE request (intermediate IM CN subsystem entitiesto UE-2)

19. SIP 200 (OK) response (UE-2 to intermediate IM CN subsystem entities) - see examplein table A.15.6-19

UE-2 responds with a SIP 200 (OK) response containing the SDP answer.

Table A.15.6-19: SIP 200 (OK) response (UE-2 to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscfl.visitedl.net;branch=z9hG4bK240£34.3, SIP/2.0/UDP
scscfl.homel.net;branch=2z9hG4bK332b23.1, SIP/2.0/UDP
sccasl.homel .net;branch=z9hG4bKnas34r2.12

From:

To: <sip:userl_public2@homel.net>;tag=237674

Call-ID:

Cseq: 127 INVITE

Supported: 100rel; precondition

Contact: <sip:userl public2@homel.net;gr=urn:uuid:2ad8920e-48a5-4a74-8d99-
ad76cc7fc74>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow:

Accept: application/sdp;

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933300 2987933300 IN IP6 4444::aaa:bbb:ccc:ddd
S=-

c=IN IP6 4444::aaa:bbb:ccc:ddd

t=0 0

m=audio 0 RTP/AVP 97

m=video 6666 RTP/AVP 98

a=rtpmap:98 MPV/90000

20. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto SCC AS)

21-22. SIP ACK (SCC AS to UE-2through intermediate IM CN subsystem entities)

23.SIP 200 (OK) response (SCC ASto intermediate IM CN subsystem entities) - see example in table A.15.6-23
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In response to the SIP re-INVITE from Remote Party, SCC AS sends a SIP 200 (OK) containing the SDP answer
towards Remote Party through IM CN subsystem entities, which includes Media A and Media B information.

Table A.15.6-23: SIP 200 (OK) response (SCC AS to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscfl.homel.net;branch=z9hG6bKnas34r4, SIP/2.0/UDP
scscf2.visited2.net;branch=34gtrada3333.22, SIP/2.0/UDP
pcscf2.visited2.net;branch=34gtrada5454.12, SIP/2.0/UDP
[5555: :aaa:bbb:ccc:ddd] :1357; comp=sigcomp;branch=z9hG4bKnashds?7

From:

To:

Call-ID:

Cseq: 127 INVITE

Supported: 100rel; precondition

Contact:

Allow:

Accept: application/sdp;

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933300 2987933300 IN IP6 3333::aaa:bbb:ccc:ddd
S=-

t=0 0

m=audio 8888 RTP/AVP 97

c=IN IP6 3333::ccc:ddd:aaa:bbb

a=rtpmap:97 PCMU/8000

m=video 6666 RTP/AVP 98

c=IN IP6 4444::bbb:aaa:ccc:ddd

a=rtpmap:98 MPV/90000

24. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto Remote Party)

25-26. SIP ACK (Remote Party to SCC ASthrough intermediate IM CN subsystem entities)

Remote Party sends a SIP ACK reguest to intermediate IM CN subsystem entities which terminated by SCC AS.
27-28. SIP NOTIFY request (from SCC ASto controller UE, UE-1)

SCC-ASsendsa SIP NOTIFY request to controller UE, UE-1 to inform about the success statusiif the inter-UE transfer.

Table A.15.6-27 SIP NOTIFY request (SCC AS to UE-1)

NOTIFY sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c9le6bf6 SIP/2.0
Via:

To: sip:userl publicl@homel.net;tag=67912

From: sip:user3 public3@home3.net;tag=34719

Call-ID:

CSeq:

Max-Forwards:

P-Asserted-Identity:

Require:

Contact: <sip:user3_public3@home3.net;gr=urn:uuid:f81ld4fae-7dec-11d0-a765-00a0c67t6brs>
Allow:

Event: refer

Subscription-State:terminated;reason=noresource

Content-Type: message/sipfrag;version=2.0

Content-Length: (..)

SIP/2.0 200 OK

Content-Type: application/sdp
m=audio 0 RTP/AVP 97

m=video 6666 RTP/AVP 98

29-30. SIP 200 (OK) response (from controller UE to SCC AS)

The controller UE acknowledges the SIP NOTIFY request by sending a SIP 200 (OK) response to the SCC AS.

ETSI



3GPP TS 24.237 version 9.1.0 Release 9 144

ETSI TS 124 237 V9.1.0 (2010-01)

A.15.7 Remote party releases media on the controller UE

Intermediate IM Remote
UE-1 UE-2 CN entities SCCAS Party
T
- —————— t -Collabarative session controk = = = = = = = = >
|-} Media-A between UE-1 and Remote Party -
| a—————————NMedia-B between UE-1 and Remote Party————Jp
|
1. re-INVITE
I c=Remote Party
Media-A=0
Media-B
2. re-INVITE
c=Remote Party
Media-A=0 )
Media-B
3. re-INVITE
4. re-INVITE < c=Remote Party—]
-——c=Remote Party- 1 Media-A=0
Media-A=0
5.200 (OK
c=UE(-1 ) > 6. 200 (OK)
Media-A=0 c=UE-1 —P»
eda Media-A=0
- 8. ACK: 7. ACK
9. 200 (OK)
c=UE-1
[g— Media-A=0——
c=UE-2
Media-B
10. 200 (OK)
c=UE-1
Media-=0 ———— P
c=UE-2
Media-B
|
| 11. Ack
12. Ack:
- —————— + -Collabarative session controk = = = = = = = =
]
-f)——Media-B between UE-2 and Remote Party——Jpp
I I

Figure A.15.7: Remote UE releases media on the Controller UE

NOTE 1: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

1. SIPreINVITE request (Remote Party to intermediate IM CN subsystem entities) - see examplein

table A.15.7-1

Remote Party sends a SIP re-INVITE request towards Controller UE (UE-1) indicating Media A isto be removed using
SDP offer. If Media B isto be removed, the re-INVITE reguest will send to controllee UE (UE-2).
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Table A.15.7-1: SIP re-INVITE request (Remote Party to intermediate IM CN subsystem entities)

INVITE <sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c9le6bf6> SIP/2.0

ETSI TS 124 237 V9.1.0 (2010-01)

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd] :1357; comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscf2.visited2.net:7531;1r;comp=sigcomp>, <sip:orig@scscf2.homel.net;lr>

P-Asserted-Identity: "David Fan" <sip:userR_publicl@homel.nets>

P-Access-Network-Info: 3GPP-UTRAN-TDD; utran-cell-id-3gpp=234151DOFCE11l

Privacy: none

From:

To:

Call-ID:

Cseq: 127 INVITE

Require: sec-agree

Proxy-Require: sec-agree

Supported: 100rel, precondition

Security-Verify: ipsec-3gpp; g=0.1; alg=hmac-sha-1-96;
c=8642; port-s=7531

Contact: <sip: userl public@homel.net>; gr=urn:uuid:f8ld4fae-7dec-11d0-a765-00a0c67t6brs>

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE, SUBSCRIBE, NOTIFY

Accept: application/sdp, application/3gpp-ims+xml

Content-Type: application/sdp

Content-Length: (..)

spi-c=98765432;

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
g=-

c=IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=audio 0 RTP/AVP 97

a=rtpmap:97 PCMU/8000

m=video 4444 RTP/AVP 98

a=rtpmap:98 MPV/90000

Sspi-s=87654321; port-

2. SIPre-INVITE request (intermediate IM CN subsystem entitiesto SCC AS)

Intermediate IM CN subsystem entities forward the Re-INVITE request to SCC AS according to standard IMS
procedure.

3. SIPrelINVITE request (SCC AStointermediate IM CN subsystem entities) - see examplein table A.15.7-3

SCC AS removes the Media B information and forwards it towards intermediate IM CN subsystem entities.

Table A.15.7-3: SIP INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE sip:userl publicl@homel.net SIP/2.0
Via: SIP/2.0/UDP sccasl.homel.net;branch=z9hG4bKnas34r4.12
Max-Forwards: 70

Route: <sip:term@scscf2.homel.net;lr>
P-Asserted-Identity:
P-Access-Network-Info:

Privacy:

From:

To:

Call-ID:

Cseq:

Supported:

Require:

Proxy-Require:

Security-Verify:

Contact:

Allow:

Accept:

Content-Type:

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
sS=

c=IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=audio 0 RTP/AVP 97

a=rtpmap: 97 PCMU/8000
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4. SIPre- INVITE request (intermediate IM CN subsystem entitiesto UE-1)

Intermediate IM CN subsystem entities forward the re-INVITE request to Controller UE according to standard IMS
procedure.

5. SIP 200 (OK) response (UE-1tointermediate IM CN subsystem entities) - see examplein table A.15.7-5
UE-1 response SIP 200 (OK) response with SDP answer.

Table A.15.7-5: SIP 200 (OK) response (UE-1 to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscfl.visitedl.net;branch=z9hG4bK240£34.3, SIP/2.0/UDP
scscfl.homel.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP
sccasl.homel .net;branch=z9hG4bKnas34r4.12

From:

To:

Call-ID:

Cseq: 127 INVITE

Supported: 100rel; precondition

Contact:

Allow:

Accept: application/sdp;

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933300 2987933300 IN IP6 3333::eee:fff:aaa:bbb
S=-

c=IN IP6 3333::eece:fff:aaa:bbb

t=0 0

m=audio 0 RTP/AVP 97

a=rtpmap:97 PCMU/8000

6. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto SCC AS)

7-8. SIP ACK (SCC AS toUE-1through intermediate IM CN subsystem entities)

SCC ASsendsan SIP ACK request to Controller UE through intermediate IM CN subsystem entities.

9. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto SCC AS) — see examplein table A.15.7-9

SCC AS sends SIP 200 (OK) response with SDP answer indicating Media A is removed to intermediate IM CN
subsystem entities
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Table A.15.7-9: SIP 200 (OK) response (UE-1 to intermediate IM CN subsystem entities)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscfl.homel.net;branch=z9hG6bKnas34r4, SIP/2.0/UDP
scsf2.visited2.net;branch=3g5gefsdr62233.22, SIP/2.0/UDP
pcscf2.visited2.net;branch=3g5gefsdr62245.12, SIP/2.0/UDP
[5555: :aaa:bbb:ccc:ddd] :1357; comp=sigcomp; branch=z9hG4bKnashds7

From:

To:

Call-ID:

Cseq: 127 INVITE

Supported: 100rel; precondition

Contact:

Allow:

Accept: application/sdp;

Content-Type: application/sdp

Content-Length: (..)

=0
=- 2987933300 2987933300 IN IP6 3333::aaa:bbb:ccc:ddd

n o <

c=IN IP6 3333::aaa:bbb:ccc:ddd
t=0 0

m=audio 0 RTP/AVP 97
a=rtpmap:97 PCMU/8000

m=video 6666 RTP/AVP 98

c=IN IP6 4444::aaa:bbb:ccc:ddd
a=rtpmap:98 MPV/90000

10. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto Remote party)
11-12. SIP ACK (Remote Party to SCC ASthrough intermediate IM CN subsystem entities)

Remote Party sends an ACK reguest to UE-1 through intermediate IM CN subsystem entities which is terminated by
SCCAS.

Editor's Note: The SDP in this flow is FFS.
A.16  Signalling flows for MSC server assisted mid-call feature

A.16.1 Introduction

The signalling flows in the subclause demonstrate how full duplex session on hold can be transferred together with
active full duplex session when the M SC server assisted mid-call feature is used. The following signalling flows are
included:

- subclause A.16.2 shows an example of CSto PS access transfer with the MSC server assisted mid-call feature.

- subclause A.16.3 shows an example of PSto CS access transfer with the MSC server assisted mid-call feature.
The examples assume that:

- the SC UE, the MSC Server enhanced for ICS and the SCC AS support the MSC server assisted mid-call feature;

- the SC UE does not use | CS procedures; and

- the SCC ASisallowed to use the MSC Server assisted mid-call feature according to operator policy.

A.16.2 CS to PS access transfer with MSC server assisted mid-call
feature

In the example flow at the figure A.16.2-1, SC UE A has two ongoing sessions over CS bearer which are anchored at
SCC AS. The active session X iswith UE B, the held session Y iswith UE C. The session X and session Y are two
party sessions. The session Y contains rejected video stream and accepted audio stream. When the SC UE connects to
an IP-CAN, it decides to transfer the sessions over the IP-CAN.
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Figure A.16.2-1: Signalling flow for PS-CS Access Transfer: CS to PS
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NOTE 1: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

1. SC UE A hasan ongoing active session X with remote UE B and a held session Y with remote UE C
The calls have been anchored at the SCC ASwhichisinthe HPLMN of originating SC UE A.

2. SC UE A connectsto a new |P-CAN:

The SC UE A decidesto transfer the sessions over the new IP-CAN. The UE A obtains an | P address that it will
use for the signalling and media. It registers with the S-CSCF over the new |P-CAN using standard registration
procedure and reserves resources in the new |P-CAN.

3. SIPINVITE request transferring the active session X (SC UE A to intermediate IM CN subsystem
entities) - see examplein table A.16.2-3

The SC UE A sends an initial INVITE request to request the new call replaces the existing call X.

Table A.16.2-3: SIP INVITE request (UE A to intermediate IM CN subsystem entities)

INVITE sip:domain.xfer@sccas.homel.net SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd] :1357; comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscfl.homel.net:7531;1r>, <sip:orig@scscfl.homel.net;lr>

P-Preferred-Identity: "John Doe" <sip:userl publicl@homel.net>

P-Access-Network-Info: IEEE-802.11b

Privacy: none

From: <sip:userl publicl@homel.net>; tag=171828

To: <tel:+1-237-555-2222>

Call-ID: cb03a0s09a2sdfglkj490237

Cseq: 127 INVITE

Supported: 100rel, precondition, 199, gruu, norefersub

Require: sec-agree

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; g=0.1; alg=hmac-sha-1-96; spi=87654321; portl=7531

Contact: <sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c9le6bf6> ;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel";+g.3gpp.mid-call

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE

Accept: application/sdp; application/3gpp-ims+xml, application/vnd.3gpp.mid-call+xml

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
S=

c=IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=audio 3456 RTP/AVP 97 96

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:25.4

a=curr:qos local sendrecv

a=curr:gos remote none

a=des:gos mandatory local sendrecv

a=des:gos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event

a=maxptime:20

Contact: containsthe feature tag g.3gpp.mid-call as defined in annex C indicating the support for the MSC
server assisted mid-call feature.

Accept: containsthe MSC Server assisted mid-call feature MIME type.
4. Evaluation of initial filter criteria

The S-CSCF evaluates initial filter criteriafor the served SC user and as aresult routes the SIP INVITE request
towards the SCC AS.

5. SIPINVITE request (intermediate IM CN subsystem entitiesto SCC AS)
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The SIPINVITE request is forwarded to the SCC AS as the result of the evaluation of iFC.
6. Remote Leg Update

The SCC AS performs the Remote Leg update by sending the SIP re-INVITE request towards the Remote Leg.
7. SIPre-INVITE reguest (SCC ASto intermediate IM CN subsystem entities)

The SCC AS modifies the message in accordance with routeing B2BUA functionality, e.g. mapping of From,
To, Cseg and Call-ID headers from one side of the B2BUA to the other. The SIP re-INVITE request contains the
SDP offer that isidentical to the SDP offer that the SCC AS received in theinitial SIP INVITE request from the
UE A (Step 3).

8. SIPre-INVITE request (Intermediate IM CN subsystem entitiesto UE B)

The intermediate IM CN subsystem entities forward the SIP re-INVITE request to remote UE B.
9-10: SIP 200 (OK) response (UE B to SCC ASvia Intermediate IM CN subsystem entities)

The UE B generates the SIP 200 (OK) response to the SIP re-INVITE request and forwards it to the SCC AS.
11-12: SIP ACK request (SCC ASto UE B via Intermediate IM CN subsystem entities)

The SCC AS generates the SIP ACK request to the SIP 200 (OK) response and forwards it to the remote UE B.
13-14: SIP 200 (OK) response (SCC ASto UE A via Intermediate IM CN subsystem entities)

The SCC AS generates the SIP 200 (OK) response to the SIP INVITE request and forwardsit to the SC UE A.
15-16: SIP ACK reguest (SC UE A to SCC ASvialntermediate M CN subsystem entities)

The SC UE A generates the SIP ACK reguest to the SIP 200 (OK) response and forwards it to the SCC AS
17. M edia paths between UE A and UE B

The media path of session X is using the new IP-CAN but the media path of the session Y is still using the CS
bearer.

18-19. SIP BYE request (SCC ASto M SC Server viaintermediate IM CN subsystem entities)

The SCC AS terminates the replaced call leg, which was using the CS bearer, by sending a BY E request.
20-22. 1SUP M essage

Upon receiving the DISCONNECT request, the SC UE A relinquishes all resources pertaining to the CS bearer.
23-24. SIP 200 (OK) response (M SC Server to SCC ASviaintermediate IM CN subsystem entities)

Upon receiving the BY E request over the old IP-CAN, the MSC Server sends a SIP 200 (OK) response over the
old IP-CAN to the SCC AS.

25: SIP REFER request (SCC ASto Intermediate IM CN subsystem entities) -see examplein table A.16.2-25
The SCC AS sends SIP REFER request towards UE A inside the dialog created by the message 13.
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Table A.16.2-25: SIP REFER request (SCC AS to IM CN subsystem entities)

REFER sip:userl publicl@homel.net;gr=urn:uuid:f81d4fae-7dec-11d0-a765-00a0c91le6bf6 SIP/2.0

Via: SIP/2.0/UDP sip:sccasl.homel.net;branch=z9hG4bk731b8a

Max-Forwards: 70

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLso=023551024"; orig-ioi=homel.net

From: <tel:+41-237-555-2222>; tag=aasdfgaag

To: <sip:userl publicl@homel.net>; tag=171828

Call-ID: cb03a0s09a2sdfglkj490237

Cseq: 55998 REFER

Content-Length:

Route: <sip:scscfl.homel.net;lr>, <sip:pcscfl.homel.net:7531;1r>

Contact: <sip:sccasl.homel.net;gr>

Refer-Sub: false

Supported: norefersub, gruu

Refer-To: <sip:user3 publicl@home3.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74?Target-
Dialog=a84b4c76e66710%3Bremote-tag=654364735%3Blocal-
tag=1928301774&Require=tdialog&From=tel:+1-237-555-1111&To=tel:+1-987-654-3210&Content-
Type=application%2Fsdp&body=v%$3D0%0D%0A0%3D-
%202987933623%202987933623%20IN%20IP6%205555: :ggg:fff:aaa:bbb%0D%0As%3D-
$0D%0AC%3DIN%20IP6%205555: :ggg: fff:aaa:bbb%0D%$0ALt$3D0%200%0D$0AMS3Dvideo%200%20RTP$2FAVP%$20
98%0D%0AM%3Daudio%203456%20RTP%$2FAVP%$2097%2096%0D%0Ab%3DAS:25.4%0D%0Aa%3Drtpmap: 97%20AMR%0D
%0Aa%3Dfmtp:97%20mode-set%3D0%2C2%2C5%2C7%3B%20mode-change-
period%3D2%0D%0Aa%3Dmaxptime: 20%0D%0A>

Content-Type: application/vnd.3gpp.mid-call+xml

<?xml version="1.0" encoding="UTF-8"?>
<mid-call/>

Refer-To:  contains UE C contact address and the following URI header fields:
Target-Dialog: thedialog identifier of the source access leg.
Require: containing "tdialog" option tag
From:  containsthe public user identity of the UE A
To: contains the public user identity of the UE C
Content-Type: containing "application/sdp” MIME type of the "body" URI header field
body: SDP describing the media used in the session
26.SIP REFER request (intermediate IM CN subsystem entitiesto UE A)
The REFER request is forwarded towards the UE A.
27-28. SIP 202 (Accepted) response (UE A to SCC ASviaintermediate IM CN subsystem entities)
Upon receiving the REFER request, the UE A sends a SIP 202 (Accepted) response.

29.SIP INVITE request transferring the held session Y (SC UE A tointermediate IM CN subsystem entities)
- seeexamplein table A.16.2-29

The SC UE A sends aninitial INVITE request to request the new call replacing the existing call Y.
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Table A.16.2-29: SIP INVITE request (UE A to intermediate IM CN subsystem entities)

INVITE sip:user3 publicl@home3.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74 SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd] :1357; comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscfl.homel.net:7531;1r>, <sip:orig@scscfl.homel.net;lr>

P-Preferred-Identity: "John Doe" <sip:userl publicl@homel.nets>

P-Access-Network-Info: IEEE-802.11b

Privacy: none

From: <tel:+1-237-555-1111>; tag=171828

To: <tel:+1-987-654-3210>

Call-ID: asdfgweasas

Cseq: 127 INVITE

Supported: 100rel, precondition, 199, gruu

Require: sec-agree

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; g=0.1; alg=hmac-sha-1-96; spi=87654321; portl=7531

Contact: <sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c9le6bf6> ;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel";+g.3gpp.mid-call

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE

Accept: application/sdp; application/3gpp-ims+xml

Target-Dialog: aB84b4c76e66710;remote-tag=654364735;1local-tag=1928301774

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
S=

c=IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=video 0 RTP/AVP 98

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qgos loca

a=tcap:1 RTP/AVPF

a=pcfg:1 t=11 sendrecv

a=curr:gos remote none

a=des:gos mandatory local sendrecv

a=des:gos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event

a=maxptime:20

a=sendonly

Request-URI:  contains the remote target URI as received in the Refer-To URI in the REFER request.
Target-Dialog: containsthe dialog identifier asreceived in the Refer-To URI in the REFER request.

Contact: containsthe feature tag g.3gpp.mid-call as defined in annex C indicating the support for the MSC
server assisted mid-call feature.

SDP: All the media are offered with the sendonly directionality.
30. Evaluation of initial filter criteria

The S-CSCF evaluates initial filter criteriafor the served SC user and as aresult routes the SIP INVITE request
towards the SCC AS.

31L.SIPINVITE request (intermediate IM CN subsystem entitiesto SCC AS)

The SIPINVITE request is forwarded to the SCC AS as the result of the evaluation of iFC.
32.Remote Leg Update

The SCC AS performs the Remote Leg update by sending the SIP re-INVITE request towards the Remote Leg.
33.SIPre-INVITE request (SCC ASto intermediate IM CN subsystem entities)

The SCC AS modifies the message in accordance with routeing B2BUA functionality, e.g. mapping of From,
To, Cseq and Call-1D headers from one side of the B2BUA to the other. The SIP re-INVITE request contains the

ETSI



3GPP TS 24.237 version 9.1.0 Release 9 153 ETSI TS 124 237 V9.1.0 (2010-01)
SDP offer that isidentical to the SDP offer that the SCC AS received in theinitial SIP INVITE request from the
UEA.
34.SIPre-INVITE request (Intermediate IM CN subsystem entitiesto UE C)

Theintermediate IM CN subsystem entities forward the SIP re-INVITE request to remote UE C.
35-36: SIP 200 (OK) response (UE C to SCC ASvia Intermediate IM CN subsystem entities)

The UE C generates the SIP 200 (OK) response to the SIP re-INVITE request and forwards it to the SCC AS.
37-38: SIP ACK request (SCC ASto UE C via Intermediate IM CN subsystem entities)

The SCC AS generates the SIP ACK request to the SIP 200 (OK) response and forwards it to the remote UE C.
39: SIP 200 (OK) response (SCC ASto Intermediate IM CN subsystem entities)

The SCC AS generates the SIP 200 (OK) response to the SIP INVITE request and forwardsit to the SC UE A.
40: SIP 200 (OK) response (Intermediate IM CN subsystem entitiesto UE A)

The SCC AS generates the SIP 200 (OK) response to the SIP INVITE request and forwardsit to the SC UE A.
41-42: SIP ACK request (SC UE A to SCC ASvialntermediate IM CN subsystem entities)

The SC UE A generates the SIP ACK request to the SIP 200 (OK) response and forwards it to the SCC AS
43. M edia paths between UE A and UE B

The media paths of session X and session Y are using the new IP-CAN but the the CS bearer is till not released.
44-45. SIP BYE request (SCC ASto M SC Server viaintermediate IM CN subsystem entities)

The SCC AS terminates the replaced call leg, which was using the CS bearer, by sending a BY E request.
46-48. | SUP M essage

Upon receiving the DISCONNECT request, the SC UE A relinquishes all resources pertaining to the CS bearer.
49-50. SIP 200 (OK) response (M SC Server to SCC ASviaintermediate IM CN subsystem entities)
51. M edia paths between UE A and UE B

The media paths of session X and session Y are using the new IP-CAN.

A.16.3 PS to CS access transfer with MSC server assisted mid-call
feature

In the example flow at the figure A.16.3-1, SC UE A has two ongoing sessions over PS bearer which are anchored at
SCC AS. When both sessions were established the SC UE and the SCC AS included the feature tag g.3gpp.mid-call as
specified in annex C into the Contact headers. The active session X iswith UE B, the held session Y iswith UE C. The
session X and session Y are two party sessions. The session Y contains a rejected video stream and an accepted audio
stream. When the SC UE attaches to the CS domain, it decides to transfer the sessions over the CS bearer without using
the ICS capability.
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Figure A.16.3-1: Signalling flow for PS-CS access transfer: PS-CS

NOTE 1: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.

1. SC UE A ison an active session X with UE B and a held session Y with UE C:

ETSI




3GPP TS 24.237 version 9.1.0 Release 9 155 ETSI TS 124 237 V9.1.0 (2010-01)
Thereisan ongoing I P bearer between the SC UE and the remote UE B and another | P bearer between the SC
UE and the remote UE C. Both sessions are anchored at SCC AS.
2. SC UE A attachesto the CSdomain
The SC UE attaches to the CS domain and decides to transfer the sessions over the CS bearer.
3. CC SETUP messages

Editor's note: it is FFS how to ensure that the UE and the MSC Server would use the same transaction identifers for
the held session

4. SIPINVITE request transferring the active session X (MSC Server to Intermediate IM CN subsystem
entities) -see examplein table A.16.3-4

Table A.16.3-4: SIP INVITE request (MSC Server to intermediate IM CN subsystem entities)

INVITE tel:+1-237-555-3333 SIP/2.0

Via: SIP/2.0/UDP mscl.homel.net;branch=z9hG4bk731b87

Max-Forwards: 70

P-Asserted-Identity: <tel:+1-237-555-1111>

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLs0o=023551024"; orig-ioi=homel.net

Privacy: none

From: <tel:+41-237-555-1111>;tag=171828

To: <tel:+1-237-555-3333>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

Supported: 100rel, precondition, gruu, 199, norefersub

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Contact: <sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c9le6bf6> ;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-
service.ims.icsi.mmtel" ;+g.3gpp.ics="server";+g.3gpp.mid-call

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (..)

Accept: application/sdp; application/3gpp-ims+xml, application/vnd.3gpp.mid-call+xml

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee
sS=

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVP 97 96

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:25.4

a=curr:gos local sendrecv

a=curr:gos remote none

a=des:gos mandatory local sendrecv

a=des:gos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event

a=maxptime:20

Request-URI: containsthe IMRN, as obtained from CS networks signalling.
SDP: The SDP contains preconfigured set of codecs supported by the MSC Server.

Contact: containsthe feature tag g.3gpp.mid-call as defined in annex C indicating the support for the MSC
server assisted mid-call feature.

Accept: contains the M SC Server assisted mid-call feature MIME type.
5. Evaluation of initial filter criteria

The S-CSCF evaluates initial filter criteriafor the served SC user and as aresult routes the SIP INVITE request
towards the SCC AS.
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6. SIPINVITE request (Intermediate IM CN subsystem entitiesto SCC AS)
7. Remote Leg Update

The SCC AS performs the Remote Leg update by sending the SIP re-INVITE request towards the Remote Leg.
8. SIPre-INVITE reguest (SCC AStointermediate IM CN subsystem entities)

The SCC AS acting as arouting B2BUA generates a SIP re-INVITE request based upon the received SIP
INVITE request and the information previously stored against this session and routes it towards UE B viathe
intermediate IM CN subsystem entities.

9. SIPre-INVITE request (Intermediate IM CN subsystem entitiesto UE B)
Intermediate IM CN subsystem entities forward the SIP re-INVITE request to remote UE B.
10. SIP 200 (OK) response (UE B to intermediate IM CN subsystem entities)

Upon receiving the SIP re-INVITE request containing the SDP offer, since the UE B has all resources available,
it sends immediately the SIP 200 (OK) response to the SIP re-INVITE request that contains the SDP answer. The
SDP answer indicates that the resources are available.

11. SIP 200 (OK) response (intermediate IM CN subsystem entitiesto SCC AS)

Theintermediate IM CN subsystem entities forward the SIP 200 (OK) response to the SIP re-INVITE request to
the SCC ASin the originating network.

12-13. SIP ACK request (SCC ASto UE B vialM CN subsystem entities)

The SCC AS generates the SIP ACK request to the SIP 200 (OK) response, and forwards the SIP ACK request
to the remote UE B.

14-15. SIP 200 (OK) response (SCC ASto M SC Server vialM CN subsystem entities)

The SCC AS generates the SIP 200 (OK) response to the SIP INVITE request, and forwards the SIP 200 (OK)
response towards the MSC Server.

Editor's note: it is FFS how the session state information is transported to the MSC Server
16.1SUP CONNECT message (M SC Server to SC UE A)

Based on the received session state information, the M SC Server associates transaction identifier value of 0 with
UE B and associates transaction identifier value of 1 with UE C.

17.1SUP CONNECT Response message (SC UE A to M SC Server)
18-19. SIP ACK request (M SC Server to SCC ASvialM CN subsystem entities)
The MSC Server generates the SIP ACK request to the SIP 200 (OK) response, and forwards it to the SCC AS.
20. M edia paths between SC UE A and UE B:
The CS bearer is setup while the PS bearers are till existing.
21-22: SIPBYE request (SCC ASto SC UE A viaintermediate IM CN subsystem entities)

The SCC AS terminates the replaced call leg of the session X, which was using the old IP-CAN, by sending a
BYE reguest to the UE A.

23-24. SIP 200 (OK) response (SC UE A to SCC ASviaintermediate IM CN subsystem entities)

Upon receiving the BY E request over the old IP-CAN, the SC UE A sends a SIP 200 (OK) response over the old
IP-CAN to the SCC AS. Subsequently, the SC UE A relinquishes all resources pertaining to the old IP-CAN.

25. M edia paths between SC UE A and UE B

The session X istransferred from PS bearer to CS bearer, but the session Y is still at the PS bearer.
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26.SIP REFER request (SCC AStoIM CN subsystem entities) -see examplein table A.16.3-26
The SCC AS sends SIP REFER request towards MSC Server inside the dialog created by the the message 14.

Table A.16.3-26: SIP REFER request (SCC AS to IM CN subsystem entities)

REFER sip:userl_publicl@homel.net;gr=urn:uuid:f8l1d4fae-7dec-11d0-a765-00a0c9le6bf6 SIP/2.0

Via: SIP/2.0/UDP sip:sccasl.homel.net;branch=z9hG4bk731b8a

Max-Forwards: 70

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLso=023551024"; orig-ioi=homel.net

To: <tel:+1-237-555-1111>;tag=171828

From: <tel:+41-237-555-3333>;tag=sdfsdf

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 55998 REFER

Content-Length: 125

Route: <sip:scscfl.homel.net;lr>

Refer-Sub: false

Supported: norefersub, gruu

Contact: sip:sccasl.homel.net

Refer-To: <sip:user3 publicl@home3.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74?Target-
Dialog=ksdjfhwrklf%3Bremote-tag=676723565%3Blocal-tag=45418454&Require=tdialog&From=tel:+1-
237-555-1111&To=tel:+1-987-654-3210&Content-Type=application%2Fsdp&body=v$3D0%0D%0A0%3D-
%$202987933623%202987933623%20IN%20IP6%205555: :ggg:fff:aaa:bbb%0D%$0As%3D-
$0D%0AC%3DIN%20IP6%205555: :ggg: fff:aaa:bbb%0D%0At%$3D0%200%0D%0AME3Dvideo%200%20RTP$2FAVP%20
98%0D%0AM%3Daudio%203456%20RTP$2FAVP%$2097%2096%0D%0Ab%3DAS:25.4%0D%0Aa%3Drtpmap: 97%20AMRS0D
$0Aa%3Dfmtp:97%20mode-set$3D0%2C2%2C5%2C7%3B%20mode-change-
period%$3D2%0D%0Aa%3Dmaxptime:20%0D%0A>

Content-Type: application/vnd.3gpp.mid-call+xml

<?xml version="1.0" encoding="UTF-8"7?>
<mid-call/>

Refer-To:  contains UE C contact address and the following URI header fields:
Target-Dialog: thedialog identifier of the source accessleg.
Require: containing "tdialog" option tag
From: containsthe public user identity of the UE A
To: contains the public user identity of the UE C
Content-Type: containing "application/sdp™ MIME type of the "body" URI header field
body: SDP describing the media used in the session
27:SIP REFER request (intermediate IM CN subsystem entitiesto M SC Server)
The REFER request is forwarded towards the MSC Server.
28-29. SIP 202 (Accepted) response (M SC Server to SCC ASviaintermediate IM CN subsystem entities)
Upon receiving the REFER request, the M SC Server sends a SIP 202 (Accepted) response.

30.SIP INVITE request for the held session Y (M SC Server to Intermediate IM CN subsystem entities) -see
examplein table A.16.3-30
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Table A.16.3-30: SIP INVITE request (MSC Server to intermediate IM CN subsystem entities)

INVITE sip:user3 publicl@home3.net;gr=urn:uuid:2ad8950e-48a5-4a74-8d99-ad76cc7fc74 SIP/2.0

Via: SIP/2.0/UDP mscl.homel.net;branch=z9hG4bk731b87

Max-Forwards: 70

P-Asserted-Identity: <tel:+1-237-555-1111>

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLso=023551024"; orig-ioi=homel.net

Privacy: none

From: <tel:+1-237-555-1111>;tag=171828

To: <tel:+1-987-654-3210>

Call-ID: asdfggwerqg

Cseqg: 1275 INVITE

Supported: 100rel, precondition, 199, gruu

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Contact: <sip:userl publicl@homel.net;gr=urn:uuid:f81ld4fae-7dec-11d0-a765-
00al0c9le6bf6> ;+g.3gpp.icsi-ref="urn%$3Aurn-7%3gpp-
service.ims.icsi.mmtel" ;+g.3gpp.ics="server";+g.3gpp.mid-call

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Target-Dialog: ksdjfhwrklf;remote-tag=676723565;local-tag=45418454

Require: tdialog

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee
s
c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=video 0 RTP/AVP 98

m=audio 3456 RTP/AVP 97 96

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:25.4

a=curr:gos local sendrecv

a=curr:gos remote none

a=des:gos mandatory local sendrecv

a=des:gos none remote sendrecv

a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event

a=maxptime:20

a=sendonly

Request-URI:  contains the remote target URI as received in the Refer-To URI in the REFER request.
Target-Dialog: containsthe dialog identifier asreceived in the Refer-To URI in the REFER request.

Contact: containsthe feature tag g.3gpp.mid-call as defined in annex C indicating the support for the MSC
server assisted mid-call feature.

SDP: The SDP contains preconfigured set of codecs supported by the MSC Server. All the media are offered
with the sendonly directionality.

31. Evaluation of initial filter criteria

The S-CSCF evaluates initial filter criteriafor the served SC user and as aresult routes the SIP INVITE request
towards the SCC AS.

32.SIPINVITE request (Intermediate IM CN subsystem entitiesto SCC AS)
33.Remote Leg Update

The SCC AS performs the Remote Leg update by sending the SIP re-INVITE reguest towards the Remote Leg.
34.SIP re-INVITE request (SCC AStointermediate IM CN subsystem entities)

The SCC AS acting as arouting B2BUA generates a SIP INVITE request based upon the received SIP INVITE
reguest and the information previously stored against this session and routes it towards UE C viathe
intermediate IM CN subsystem entities. The SIP re-INVITE request contains the SDP offer that isidentical to
the SDP offer that the SCC AS received in theinitial SIP INVITE request from the UE A.
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35.SIP re-INVITE request (Intermediate IM CN subsystem entitiesto UE C)
Intermediate IM CN subsystem entities forward the SIP re-INVITE request to remote UE C.
36. SIP 200 (OK) response (UE C to intermediate IM CN subsystem entities)

Upon receiving the SIP re-INVITE request containing the SDP offer, since the UE C has all resources available,
it sends immediately the SIP 200 (OK) response to the SIP re-INVITE request that contains the SDP answer. The
SDP answer indicates that the resources are available.

37.SIP 200 (OK) response (intermediate IM CN subsystem entitiesto SCC AS)

Theintermediate IM CN subsystem entities forward the SIP 200 (OK) response to the SIP re-INVITE request to
the SCC ASin the originating network.

38-39. SIP ACK request (SCC ASto UE C vialM CN subsystem entities)

The SCC AS generates the SIP ACK reguest to the SIP 200 (OK) response, and forwards the SIP ACK request
to the remote UE C.

40. SIP 200 (OK) response (SCC ASto IM CN subsystem entities)

The SCC AS generates the SIP 200 (OK) response to the SIP INVITE request, and forwards the SIP 200 (OK)
response towards the MSC Server.

41. SIP 200 (OK) response (Intermediate IM CN subsystem entitiesto M SC Server)

Intermediate IM CN subsystem entities forward the SIP 200 (OK) response to the SIP INVITE request to MSC
Server.

42-43. SIP ACK request (M SC Server to SCC ASvialM CN subsystem entities)
The MSC Server generates the SIP ACK request to the SIP 200 (OK) response, and forwards it to the SCC AS.
44. M edia paths between SC UE A and UE B:

The CS bearer and PS bearers for both the sessions are established but there is still the origina 1P bearer for the
held session Y.

45-46: SIP BYE request (SCC ASto SC UE A viaintermediate IM CN subsystem entities)

The SCC AS terminates the replaced call leg of the session Y, which was using the old IP-CAN, by sending a
BYE reguest to the UE A.

47-48. SIP 200 (OK) response (SC UE A to SCC ASviaintermediate IM CN subsystem entities)

Upon receiving the BY E request over the old IP-CAN, the SC UE A sends a SIP 200 (OK) response over the old
IP-CAN to the SCC AS. Subsequently, the SC UE A relinquishes all resources pertaining to the old IP-CAN.

49. M edia paths between SC UE A and UE B

Both sessions X and Y are transferred from PS bearer to CS bearer.

A.17 Signalling flows for SRVCC session transfer for IMS
emergency session

A.17.1 Introduction

The signalling flows for SRV CC session transfer for IMS emergency session demonstrate how an IMS emergency
session is transferred from PS network to CS network using SRV CC procedure. The following signalling flow is
included:
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- subclause A.17.2 shows an example when a UE initiating an emergency session in IMS for the case that the UE
isnot in limited service mode ;and

- subclause A.17.3 shows an example when the emergency session need to transfer from PS to CS using SRVCC
procedure for the case that the UE is not in limited service mode.

A.17.2 UE initiating an emergency session in IMS

The signalling flows shown in figure A.17.2-1 describes the UE initiating an  IMS emergency session procedure for the
case that the UE is not in limited service mode. The flow illustrates the anchoring of the session at the EATF.

UEA P-CSCF E-CSCF EATF

——1. INVITE(sos-urn)—»

| 2. SIPINVITE
(sos-urn)
| 3. SIPINVITE
(sos-urn)
4. Anchor Emergency
Session
5. SIP INVITE_|

(sos-urn)

6. SIP INVITE (to PSAP)}——»

7.SIP

-~
200 (OK) invite

&SP
200 (OK) mwvire

| 9. SIP 200 (OK) |

INVITE
10. SIP 200 (OK)
4 —
INVITE
«—11. SIP 200 (OK) INVITE—]
12. ACK———»
L 13. ACK—»|

14. ACK:

\

Figure A.17.2-1: Signalling flow for UE initiating an emergency session in IMS

NOTE 1: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.
NOTE 2: For clarity, the SIP 180 (Ringing) response is not shown in the signalling flow.
NOTE 3: For clarity, the precondition mechanism is not shown in the signalling flow.

1. SIPINVITE reguest (UE A to P-CSCF) seeexamplein table A.17.2-2
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Table A.17.2-2: SIP INVITE request

INVITE urn:service:sos.fire SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd] :1357; comp=sigcomp;branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:pcscf.visitl.net:7531;1r;comp=sigcomp>

P-Preferred-Identity: <sip:userl publicl@homel.net>

P-Access-Network-Info: 3GPP-UTRAN-FDD; utran-cell-id-3gpp=234151DOFCE11l

Privacy: none

From: <sip:userl publicl@homel.net>;tag=171828

To: <urn:service:sos.fire>

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

Supported: 100rel, precondition, 199, gruu

Accept: application/sdp,application/3gpp-ims+xml

Require: sec-agree

Proxy-Require: sec-agree

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Security-Verify: ipsec-3gpp; g=0.1; alg=hmac-sha-1-96; spi=87654321; port=7531

Contact: <sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c9le6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Geolocation: <sips:3sdefrhy2jj7@lis.atlanta.example.com>;inserted-
by="sip:userl publicl@homel.net";routing-allowed="yes"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
sS=

c= IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=audio 3400 RTP/AVP 98

a=curr: gos local none

a=curr: gos remote none

a=des: gos mandatory local sendrcv
a=des: gos mandatory remote sendrcv
a=inactive

Contact: containsthe "gr" parameter formed from an IMEI URN as specified in 3GPP TS 24.229 [2]

2. SIPINVITE request (EATF to E-CSCF) see examplein table A.17.2-3
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Table A.17.2-3: SIP INVITE request

INVITE urn:service:sos.fire SIP/2.0

Via: SIP/2.0/UDP pcscf.visitl.net;branch=z9hG4bK240£34.1, SIP/2.0/UDP
[5555: :aaa:bbb:ccc:ddd] :1357; comp=sigcomp;branch=z9hG4bKnashds?7

Max-Forwards: 69

Route: <sip:ecscf.visitl.net;lr;>

Record-Route: <sip:pcscf.visitl.net;lr>

P-Preferred-Identity:

P-Access-Network-Info:

Privacy:

From:

To:

Call-ID:

Cseq:

Supported:

Accept:

Require:

Proxy-Require:

Accept-Contact:

P-Preferred-Service:

Security-Verify:

Contact:

Geolocation:

Allow:

Content-Type:

Content-Length: (..)

V=
o=

a=curr:
a=curr:
a=des:
a=des:

3. SIPINVITE request (E-CSCF to EATF) seeexamplein table A.17.2-4
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Table A.17.2-4: SIP INVITE request

INVITE urn:service:sos.fire SIP/2.0

Via: SIP/2.0/UDP esccas.visitl.net;branch=z9hG4bk871y1l2.1, SIP/2.0/UDP
pcscf.visitl.net;branch=z9hG4bK240£34.1, SIP/2.0/UDP
[5555: :aaa:bbb:ccc:ddd] :1357; comp=sigcomp; branch=z9hG4bKnashds7

Max-Forwards: 68

Route: <sip:esccas.visitl.net;lr;>

Record-Route: <sip:ecscf.visitl.net;lr>,<sip:pcscf.visitl.net;1lr>

P-Preferred-Identity:

P-Access-Network-Info:

Privacy:

From:

To:

Call-ID:

Cseq:

Supported:

Accept:

Require:

Proxy-Require:

Accept-Contact:

P-Preferred-Service:

Security-Verify:

Contact:

Geolocation: <sips:3sdefrhy2jj7@lis.atlanta.example.com>;inserted-
by="sip:userl_publicl@homel.net";routing-allowed="yes";used-for-routing

Allow:

Content-Type:

Content-Length: (..)

4. EATF anchorsthe emergency session

The EATF (acting as arouting B2BUA) anchors the emergency session, i.e. the EATF isinserted in the
signalling path which invokes a 3pcc for enablement of Access Transfers

5. SIPINVITE request (EATF to E-CSCF) see examplein table A.17.2-5

The EATF acting asarouting B2BUA, generates a SIP INVITE request based upon the received SIP INVITE
request and the information previously stored against this session and routes it towards PSAP viathe
intermediate IM CN subsystem entities.
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Table A.17.2-5: SIP INVITE request

INVITE urn:service:sos.fire SIP/2.0

Via: SIP/2.0/UDP esccas.visitl.net;branch=z9hG4bKnas34r5

Max-Forwards: 67

Route: <sip:ecscf.visitl.net:7531;1r;comp=sigcomp>

Record-Route: <sip:ecscf.visitl.net;lr>

P-Preferred-Identity: <sip:userl publicl@homel.net>

P-Access-Network-Info: 3GPP-UTRAN-FDD; utran-cell-id-3gpp=234151DOFCE11l

Privacy: none

From: <sip:userl publicl@homel.net>;tag=171828

To: <urn:service:sos.fire >

Call-ID: cb03a0s09a2sdfglkj490333

Cseq: 127 INVITE

Supported: 100rel, precondition, 199, gruu

Accept: application/sdp,application/3gpp-ims+xml

Require: sec-agree

Proxy-Require: sec-agree

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Security-Verify: ipsec-3gpp; g=0.1; alg=hmac-sha-1-96; spi=87654321; port=7531

Contact: <sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c9le6bf6>;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"

Geolocation: <sips:3sdefrhy2jj7@lis.atlanta.example.com>; inserted-by="
sip:userl_publicl@homel.net" routing-allowed="yes";used-for-routing

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE

Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
sS=

c= IN IP6 5555::aaa:bbb:ccc:ddd

t=0 0

m=audio 3400 RTP/AVP 98

a=curr: gos local none

a=curr: gos remote none

a=des: gos mandatory local sendrcv
a=des: gos mandatory remote sendrcv
a=inactive

6. SIPINVITE request (E-CSCF to PSAP)
E-CSCF routes the SIP INVITE request to the PSAP.

7. SIP 200(OK) response (PSAP to E-CSCF) see examplein table A.17.2-6
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SIP/2.0 200 OK

Via: SIP/2.0/UDP ecscf.visitl.net;branch=z9hG4bKnas34r5
Max-Forwards: 67

Record-Route: <sip:ecscf.visitl.net;lr>,<sip:pcscf.visitl.net;lr>
Privacy: none

From: <sip:userl publicl@homel.net>;tag=171828

To: < urn:service:sos.fire >;tag=232456

Call-ID:

Cseq:

Require: 100rel, precondition, 199, gruu

Contact: <sip:mgcf.visitl.nets>.

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER
Content-Type: application/sdp

Content-Length: (..)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd
S=

c= IN IP6 5555::fff:eee:ccc:ddd

t=0 0

m=audio 3400 RTP/AVP 98

a=curr: gos local none

a=curr: gos remote none

a=des: gos mandatory local sendrcv
a=des: gos mandatory remote sendrcv
a=inactive

8-9. SIP 200 OK response (E-CSCF to EATF and to E-CSCF)
E-CSCF forwards the 200 OK.

10-11. SIP 200 OK response (E-CSCF to UE A) see examplein table A.17.2-7

Table A.17.2-7: SIP 200 OK

SIP/2.0 200 OK
Via:
Max-Forwards: 65
Record-Route:
Privacy:

From:

To:
P-Asserted-Identity: tel:911;context="+1"
Call-ID:

Cseq:

Require:
Contact:

Allow:
Content-Type:
Content-Length:

12. ACK request
UE A responds to the 200 OK response with an ACK request.
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A.17.3 Session transfer for emergency session using SRVCC
procedure: PS-CS

Inthe examplein figure A.17.3-1, UE A (which has avalid subscription, is authenticated and authorized for PS service
and is normal attached to the network) has an ongoing emergency session with a PSAP using a PS bearer which is
anchored at EATF. Based upon measurement reports sent from the UE to E-UTRAN, the source E-UTRAN decidesto
trigger a SRV CC handover to CS access.

UE A Interworking ) EATF E-CSCF
Entities P-CSCE I-CSCF
| | [
| 1. UE A is on an emergency call with PSAP through PS network. Call is anchored at EATF. |
|< ! 1. PS bearer -
2. UE A sends measurement reports to
E-UTRAN, and the source
E-UTRAN decides to trigger an SRVCC
handover to the UTRAN/GERAN
3. INVITE(E-STN-SR)——
| 4. SIP INVITE>
(E-STN-SR)
5 Remote leg Update
[ 6.8IP
reINVITE 7.SIP
| reINVITE
. 8. SIP 200
(OK) reinviTE
9. SIP 200 (OK)
reINVITE
—10. SIP ACK-»
. 12.8IP | ~11. SIP ACK~
200 (OK) mvrre
~——13. SIP 200 (OK) mnyite—
|
14, SIP ACK————
—15. SIP ACK#
—16. SIP BYE»
- 17. SIP BYE
¢——18. SIP BYE
I
19. SIP 200 (OK)————»
20. SIP 200 (OK) >
21. STP v
200(0OK)
22b. PS bearer -
¢ 22a.CS bearer

Figure A.17.3-1 Signalling flow for emergency session transfer using SRVCC procedure

NOTE 1: For clarity, the SIP 100 (Trying) responses are not shown in the signalling flow.
1. UE A ison an active emergency session with a PSAP
Thereis an ongoing IP bearer between the UE A and the remote end PSAP. The call isachored at EATF.

2. SC UE A attachesto the CS domain

ETSI



3GPP TS 24.237 version 9.1.0 Release 9 167 ETSI TS 124 237 V9.1.0 (2010-01)

UE A sends the measurement reports to E-UTRAN, and the source E-UTRAN decidesto trigger an SRVCC
handover to CS access. The MSC Server initiates the session transfer with the E-STN-SR, refer to
3GPP TS 23.237 [9].

3. SIPINVITE request (Interworking entitiesto Intermediate IM CN subsystem entities) -see examplein
table A.17.3-2

Table A.17.3-2: SIP INVITE request (interworking entities to intermediate IM CN subsystem entities)

INVITE tel: +1-237-555-3333 SIP/2.0

Via: SIP/2.0/UDP mscl.visitl.net;branch=z9hG4bk731b87

Max-Forwards: 70

Route: <sip:icscfl.visitl.net;lr>

P-Asserted-Identity: <tel:+1-237-555-1111>

P-Charging-Vector: icid-value="AyretyU0dm+602IrT5tAFrbHLs0o=023551024";0rig-ioi=visitl.net

Privacy: none

From: <tel:+1-237-555-1111>;tag=171828

To: <tel: +1-237-555-3333>

Call-ID: cb03a0s09a2sdfglkj490334

Cseq: 127 INVITE

Supported: 100rel, precondition, gruu

Accept-Contact: *;+g.3gpp.icsi-ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel"
P-Asserted-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel

Contact: <sip:mscl.homel.net;gr=urn:uuid:f81ld4fae-7dec-11d0-a765-00a0c91le6bf6>;+g.3gpp.icsi-
ref="urn%$3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER

Content-Type: application/sdp

Content-Length: (..)

v=0
o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee
s

c=IN IP6 5555::aaa:bbb:ccc:eee

t=0 0

m=audio 3456 RTP/AVP 97 96
a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

b=AS:25.4

a=curr:gos local sendrecv
a=curr:gos remote none

a=des:gos mandatory local sendrecv
a=des:gos none remote sendrecv
a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event
a=maxptime:20

Request-URI:  containsthe E-STN-SR, as routed to the EATF

SDP: The SDP contains preconfigured set of codecs supported by the MGW.

Contact: containsthe "gr" parameter formed from an IMEI URN as specified in 3GPP TS 24.229 [2]
4. SIPINVITE request

The I-CSCF routes the INVITE request directly to the EATF by using the procedure defined in
3GPP TS 23.228 [15] for PSI based application Server termination.

NOTE 2: The use of indirect routing for PSI based Application Server Termination as described in
3GPP TS 23.228 [15] in subclause 5.7.6 cannot be used for routing the INVITE request to the EATF.

5. RemoteLeg Update

The EATF based on the content of the "gr" parameter in the Contact header field correlatesthe SIP INVITE
reguest to the local and remote call legs of the existing session between the UE A and the remote end. The EATF
performs the Remote L eg update by sending the SIP re-INVITE request towards the Remote L eg.

6. SIPre-INVITE request (EATF tointermediate IM CN subsystem entities) —see examplein table A.17.3-3
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TheEATF acting as arouting B2BUA generates a SIP INVITE request based upon the received SIP INVITE
request and the information previously stored against this session and routes it towards PSAP viathe
intermediate IM CN subsystem entities.

Table A.17.3-3: SIP re-INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE urn:service:sos.fire SIP/2.0

Via: SIP/2.0/UDP esccasl.homel.net;branch=z9hG4bKnas34r5

Max-Forwards: 68

Route: <sip:ecscfl.homel.net:lr>

P-Asserted-Identity: <tel: +1-237-555-1111>

P-Charging-Function-Addresses: ccf=[5555::099:c88:d77:e66]; ccf=[5555::a55:b44:c33:d22];
ecf=[5555::1ff:2ee:3dd:4ee]; ecf=[5555::6aa:7bb:8cc:9dd]

P-Charging-Vector: icid-value="BzyretyU0dm+602IrT5tAFrbHLs0=023551034"; orig-ioi="type3homel.net"

Privacy: none

From: <sip:userl publicl@homel.net>;tag=171828

To: <urn:service:sos.fire>;tag=232456

Call-ID: cb03a0s09a2sdfglkj490333

Cseq:

Contact: <sip:userl publicl@homel.net;gr=urn:uuid:f8ld4fae-7dec-11d0-a765-
00a0c91le6bf6>;+g.3gpp.icsi-ref="urn%$3Aurn-7%3gpp-service.ims.icsi.mmtel"

Allow:

Content-Type: Content-Length:

<
]
o

=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee

o

IN IP6 5555::aaa:bbb:ccc:eee

00

audio 3456 RTP/AVPF 97 96
AS:25.4

curr:gos local sendrecv
a=curr:gos remote none

a=des:gos mandatory local sendrecv
a=des:gos none remote sendrecv
a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2
a=rtpmap:96 telephone-event
a=maxptime:20

m=message 0 TCP/MSRP 98
a=accept-types:text/plain

Qo3 tan

7. SIPre-INVITE reguest (E-CSCF to PSAP)
E-CSCF forward the SIP re-INVITE request to the PSAP.
8. SIP 200 (OK) response (PSAP to E-CSCF)

Upon receiving the SIP re-INVITE request containing the SDP offer, since the PSAP has al resources available,
it sends immediately the SIP 200 (OK) response to the SIP re-INVITE request that contains the SDP answer. The
SDP answer indicates that the resources are available.

9. SIP 200 (OK) response (E-CSCF to EATF)

E-CSCF forward the SIP 200 (OK) response to the SIP re-INVITE request to the EATF in the originating
network.

10-11. SIP ACK request (EATF to PSAP vialM CN subsystem entities)

The EATF generates the SIP ACK request to the SIP 200 (OK) response, and forwards the SIP ACK request to
the PSAP.

12-13. SIP 200 (OK) response (EATF to interworking entitiesvia IM CN subsystem entities)

The E- SCC AS generates the SIP 200 (OK) response to the SIP INVITE request, and forwards the SIP 200
(OK) response to the interworking entities.

14-15. SIP ACK request (interworking entities to EATF vialM CN subsystem entities)

The interworking entities generate the SIP ACK request to the SIP 200 (OK) response, and forward the SIP ACK
request to the EATF.
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16-18: SIP BYE request (EATF to UE A viaintermediate IM CN subsystem entities)

The EATF terminates the source access leg, which was using the old IP-CAN, by sending a BY E request to the
UEA.

19-21. SIP 200 (OK) response (UE A to E- SCC ASviaintermediate IM CN subsystem entities)

Upon receiving the BY E request over the old IP-CAN, the UE A sends a SIP 200 (OK) response over the old | P-
CAN to the EATF. Subsequently, the UE A relinquishes al resources pertaining to the old IP-CAN.

22a. CShbearer establishment (interworking entitiesto UE A)

22b. P bearer establishment (interworking entitiesto PSAP)
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Annex B (informative):
Collaborative session state model

This annex describes a state model applicable for the UEsinvolved in collaborative session handling for inter-UE
transfer, listing possible states and state transitions. Some procedures in collaborative session handling lead to
synchronous state transitions of two different UEs.

Editor's note: the state model is not intended directly for implementation; rather it is provided as an abstraction and
condensed view of what is specified in procedures in the main body of this specification
(clauses 16 to 19). The final status and placement within this specification of contents currently
documented in this annex is FFS.

Figure B-1 visualizes the states and state transitions for UEs within a collaborative session for inter-UE transfer.

- modify media

- release media (non-last)
- transfer media (non-last)
- report status

- transfer media (last)
- release media (last)
- collaborative session rel ease

Controlled
Mode

A

- transfer media (first)

- collaborative session rel ease
- transfer media (all)

- transfer media
(all) - transfer

media

- transfer media (last)
- collaborative session rel ease

- monitoring
- media modification
- _transfer media (non-

- monitoring |ast)

;\ - media addition
Controlling
Mode

Controlling
Mode (with
media)

A 4

- release media (last)
- transfer media

Figure B-1: State model for UEs in collaborative session for inter-UE transfer

The description of the possible states of a UE within a collaborative session is given in table B-1.
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Table B-1: States of UEs in collaborative session for inter-UE transfer

State Description

NULL No participation in a collaborative session.

The UE participates in a collaborative session and performs the role of a

Controlling Mode controller UE, but has no media with the remote leg established.

The UE participates in a collaborative session and performs the role of a

Controlling Mode (with media) controllling UE; it has at least one media with the remote leg established.

The UE participates in a collaborative session and performs the role of a
controllee UE; it has at least one media with the remote leg established.

Controlled Mode

NOTE 1: in this release the state "Controlled Mode" without media is not possible.
NOTE 2: the state "Controlled Mode" does not require any specific functionality for an IMS UE.
The possible state transitions and their triggering procedures are listed in table B-2.
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Source Target state | State Transition NI Description Cou_pled
state with
Controlling transfer media 1 The UE transfers all media to a controllee UE, but 3
Mode (outbound, all) keeps control of the collaborative session.
NULL Controlllng transfer media The UE transfers (not all) media to a controllee UE,
Mode (with 2 . . 3
media) (outbound) and keeps control of the collaborative session.
Controlled transfer media 3 The UE gets media transferred from another UE, 1or2
Mode (inbound, first) which keeps collaborative session control.
transfer media 4 The UE transfers from another UE the last media of 18
NULL (inbound, last) the collaborative session back to itself.
collaborative 5 The session with the remote party is released (by the 19
session release controlling UE, the NW or the remote party).
Control- Controlling o The contrglllng UE_ requests monitoring status of the
; monitoring 6 collaborative session from one or more controllee 22
ling Mode | Mode UEs
. . The controlling UE adds media (with the remote party)
Controlllr_lg add media ! onto itself; other UEs and their media are not affected.
Mode (with - —
media) trgnsfer media 8 The UE transfers medla_l (its first) from one of the 18 or 23
(first) controllee UEs back to itself.
coIIa_boratlve 9 See nr. 5. 20
NULL session release
transfer media 10 The controlling UE transfers its last media to a
controllee UE and additionally hands over
(last) . .
collaborative session control.
transfer media The controlling UE transfers (all) media to a controllee
11 : N 23
(outbound, all) and keeps collaborative session control.
Controlling The controlling UE releases its last media, but other
Control Mode release media 12 media remain with other UEs within the collaborative
"non'\r/loa (last) session. No change of collaborative session control,
g Mode which remains with the currently controlling UE.
(with —
media) monitoring 13 See nr. 6. _ . _ 22
. . The controlling UE modifies its own media, other UEs
modify media 14 . .
and their remain unaffected.
Controlling transfer media The UE transfers media to one of the controllee UEs
Mode (with (outbound, non- 15 at least one media, and thus also collaborative
media) last) session control remains with it.
transfer media :
) The UE transfers media from one of the controllee
g_lntbound, non- 16 UEs back to itself. 18 or 23
irst)
void void 17 void
transfer media The controllee UE gets its last media removed by the
(outbound, last) 18 controlling UE. As a consequence, the UE is no longer | 16 or 8
' participant of the collaborative session.
NULL i .
Eﬂggse media 19 As nr. 18, but removal of media instead of transfer. 4
coIIa_boratlve 20 See nr. 5. 5
session release
void void 21 void
Controlled The UE reports the status of is established media to
Mode report status 22 the controlling UE. 6
t.ransfer media The controllee gets media transferred to or from
(inbound or h li llee) in th
outbound. non- 23 another U.E (contrp ing or controllee) in the . 11
' ! collaborative session, dictated by the controlling UE.
Controlled first, non-last)
Mode release media Media on the UE is released, either by the UE itself or
24 dictated by the controlling UE; at least one media is
(non-last) kept
Media on the UE is modified, either by the UE itself or
modify media 25 dictated by the controlling UE; other UEs are not

affected.
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Annex C (normative):
Media feature tags defined within the current document

C.1 General

This subclause describes the media feature tag definitions that are applicable for the 3GPP IM CN Subsystem for the
realisation of the MSC server assisted mid-call feature.

C.2  Definition of media feature tag g.3gpp.mid-call
Media feature-tag name: g.3gpp.mid-call
ASN.1 Identifier: 1.3.6.1.8.2.x

Editor's note: The ASN.1 Identifier will need to be updated once the IANA registration is completed.

Summary of the media feature indicated by this tag: This feature-tag when used in a SIP request or a SIP response
indicates that the function sending the SIP message supports the MSC server assisted mid-call feature.

Values appropriate for use with this feature-tag: none

The feature-tag is intended primarily for use in the following applications, protocols, services, or negotiation
mechanisms: This feature-tag is most useful in a communications application, for describing the capabilities of a device,
such as a phone or PDA.

Examples of typical use: Indicating that a mobile phone supports the MSC server assisted mid-call feature
Related standards or documents: 3GPP TS 24.237: "1P Multimedia Subsystem (IMS) Service Continuity; Stage 3"

Security Considerations: Security considerations for this media feature-tag are discussed in subclause 12.1 of
IETF RFC 3840 [34].
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Annex D (informative):
XML schemas

D.1 MSC Server assisted mid-call feature XML schema

D.1.1 General

This subclause defines XML schema and MIME type related to the MSC Server assisted mid-call feature.

D.1.2 XML schema

<?xml version="1.0" encoding="UTF-8"7?>

<xs:schema
xmlns:xs="http://www.w3.0rg/2001/XMLSchema"
elementFormDefault="qualified"
attributeFormDefault="unqualified">

<xs:element name="mid-call" type="Tmid-call"/>

<xs:complexType name="Tmid-call">
<XS:sequence>
<xs:any namespace="##other" processContents="lax" minOccurs="0" maxOccurs="unbounded"/>
</Xs:sequence>
<xs:anyAttribute namespace="##any" processContents="lax"/>
</xs:complexType>

</xs:schema>

D.1.3 IANA registration template

Editor"s note: The MIME type "application/vnd.3gpp.mid-call+xml" as defined in this subclauseis to be registered
in the IANA registry for Application Media Types based upon the following template.

MIME media type name:
application

MIME subtype name:
vnd.3gpp.mid-call+xml
Required parameters:
None

Optional parameters:

"charset" the parameter hasidentical semanticsto the charset parameter of the "application/xml" mediatype as
specified in IETF RFC 3023 [21].

Encoding considerations:
Same as encoding considerations of application/xml as specified in IETF RFC 3023 [21]
Security considerations:

Same as general security considerations for application/xml as specified in section 10 of IETF RFC 3023 [21]. In
addition, this content type provides aformat for exchanging information in SIP, so the security considerations from
IETF RFC 3261 [21] apply.

Interoperability considerations:
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Same as interoperability considerations as specified in section 3.1 of IETF RFC 3023 [21].
Published specification:

3GPP TS 24.237 "IP Multimedia Subsystem (IMS) Service Continuity"”, version 9.1.0, available via
http://www.3gpp.org/specs/numbering.htm.

Applications which use this media:
Applications support the service continuity as described in the published specification.
Intended usage:
COMMON
Additional information:
1. Magic number(s): none
2. File extension(s): none
3. Macintosh file type code: none
4

. Object Identifiers: none
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