Page 1



3GPP TSG CT WG1 Meeting #71















C1-111809
Tallinn (Estonia), 9-13 May 2011
	CR-Form-v9.8

	CHANGE REQUEST

	

	(

	24.237
	CR
	0476
	(

rev
	-
	(

Current version:
	10.2.0
	(


	

	For HELP on using this form look at the pop-up text over the (
 symbols. Comprehensive instructions on how to use this form can be found at http://www.3gpp.org/specs/CR.htm.

	


	Proposed change affects:
(

	UICC apps(

	
	ME
	x
	Radio Access Network
	
	Core Network
	x


	

	Title:
(

	Speech component in session

	
	

	Source to WG:
(

	Nokia Siemens Networks

	Source to TSG:
(

	C1

	
	

	Work item code:
(

	IMS-Cont
	
	Date: (

	27/04/2010

	
	
	
	
	

	Category:
(

	A
	
	Release: (

	Rel-10

	
	Use one of the following categories:
F  (correction)
A  (corresponds to a correction in an earlier release)
B  (addition of feature), 
C  (functional modification of feature)
D  (editorial modification)

Detailed explanations of the above categories can
be found in 3GPP TR 21.900.
	Use one of the following releases:
R99
(Release 1999)
Rel-4
(Release 4)
Rel-5
(Release 5)
Rel-6
(Release 6)
Rel-7
(Release 7)
Rel-8
(Release 8)
Rel-9
(Release 9)
Rel-10
(Release 10)
Rel-11
(Release 11)
Rel-12
(Release 12)

	
	

	Reason for change:
(

	The access transfer procedures use inconsistent wording when referring to sessions with speech component. Used terms are “media with speech codecs", "audio media", "audio media component", "PS audio session", "audio call", "audio session", "full-duplex speech session", "full-duplex speech component”, “speech media flow”.

This can lead to interoperability problems as the SC UE and SCC AS can come to different results when determining the session that is subject to access transfer.



	
	

	Summary of change:
(

	The CR introdcue consistent terminology in SC UE and SCC AS procedures. The term session with speech media component is intrdocuced.

	
	

	Consequences if 
(

not approved:
	Interoperability problems when access transfer is applied, i.e. SC UE transfers a different session then the SCC AS. Feature fails to work.

	
	

	Clauses affected:
(

	3.1, 4.1, 8.2, 9.1, 9.2.1, 9.2.1A, 9.2.2., 9.2.3, 9.3.2, 9.3.2A,  9.3.3, 9.3.4, 11.1, 11.2.1.2, 11.2.1.3, 11.2.1.4, 11.2.2.2, 11.3.2, 11.3.3, 12.1, 12.2.2, 12.2.3, 12.2.3A, 12.2.3B1, 12.2.3B.1A, 12.3.1, 12.3.2, 12.3.4.1, 12.3.4.2, 12.3.4.3, 12.3.5, 12.4, 12.4A, 12.6.1, 12.6.2, 12.7.2.1, 12.7.2.4,  13.3.2

	
	

	
	Y
	N
	
	

	Other specs
(

	
	x
	 Other core specifications
(

	TS/TR ... CR ... rev ...

	affected:
	
	x
	 Test specifications
	TS/TR ... CR ... rev ...

	(show related CRs)
	
	x
	 O&M Specifications
	TS/TR ... CR ... rev ...

	
	

	Other comments:
(

	CR dependency on CR 0398 against TS 24.237


**** 1st change ****

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 STI: An STI dynamically assigned by the SCC AS, representing the SIP dialog identifier (Call-ID header field and the values of tags in To and From header fields) and used for session transfer request when Gm service control is available.

Additional transferred session SCC AS URI: A SIP URI which is a public service identity hosted by SCC AS and which is used during PS-CS access transfer with the MSC Server assisted mid-call feature.

Static STI: An STI configured in the SC UE either as a 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 STI is unavailable.

Speech media component: SDP media component of audio media type with codec suitable for conversational speech.
Active speech media component: speech media component which has "recvonly" or "sendrecv" directionality at the SC UE or at the MSC server serving the SC UE.

Inactive speech media component: speech  media component which has "sendonly" or "inactive" directionality at the SC UE or at the MSC server serving the SC UE.

ATCF URI for originating requests: A URI of ATCF where the ATCF receives requests sent by the served UEs.

ATCF URI for terminating requests: A URI of ATCF where the ATCF receives requests targeted to the served UEs.

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

Access Leg

Access Transfer Control Function (ATCF)

Access Transfer Gateway (ATGW)

Access Transfer Update - Session Transfer Identifier (ATU-STI)

Local Operating Environment
Remote Leg
Target Access Leg

Source Access Leg

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

CS call

CS media
For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.003 [12] apply:

Correlation MSISDN

IP Multimedia Routeing Number (IMRN)
Session Transfer Identifier (STI)

Session Transfer Number (STN)
Session Transfer Number for SR-VCC (STN-SR)
For the purposes of the present document, the following terms and definitions given in IETF RFC 5012 [16] apply:

Emergency service URN
For the purposes of the present document, the following terms and definitions given in IETF RFC 4353 [55] apply:

Conference

Conference URI

Focus

Participant
For the purposes of the present document, the following terms and definitions given in IETF RFC 3264 [58] apply:

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

ICS user
**** next change ****

4.1
General
In general, IMS Service Continuity provides the capability of continuing 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.

NOTE:
The capability of continuing ongoing communication sessions as a collaboration between different user equipments (UEs) is described in 3GPP TS 24.337 [64].

The following procedures are provided within this document:

-
procedures for registration in IM CN subsystem are specified in clause 6;

-
procedures for call origination are specified in clause 7;

-
procedures for call termination are specified in clause 8;

-
procedures for PS-CS access transfer are specified in clause 9;

-
procedures for PS-PS access transfer are specified in clause 10;

-
procedures for PS-PS access transfer in conjunction with PS-CS access transferare specified in clause 11;
-
procedures for PS-CS access transfer for Single Radio are specified in clause 12;
-
procedures for media adding/deleting for access transfer are specified in clause 13;

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

For a UE or an AS not supporting ICS procedures, PS-CS access transfer procedures enable transfer of

-
one session with active speech or speech/video media component; and

-
up to one session with active speech or speech/video media component and up to one session with inactive speech or speech/video media component when the MSC Server assisted mid-call feature is supported.

**** next change ****

8.2
SC UE

The SC UE shall support termination of multimedia sessions in the IM CN subsystem as specified in 3GPP TS 24.229 [2] with the following clarifications:

1)
If the SC UE supports the MSC server assisted mid-call feature, and the receiving SIP INVITE request includes g.3gpp.mid-call media feature tag as described in annex C in the Contact header field, the SC UE shall include the g.3gpp.mid-call media feature tag as described in annex C in the Contact header field of the SIP 2xx response to the SIP INVITE request.
1a)
If the SC UE supports single radio PS to CS access transfer for calls in alerting state, and the receiving SIP INVITE request includes g.3gpp.srvcc-alerting feature tag as described in annex C in the Contact header field, the SC UE shall include the g.3gpp.srvcc-alerting media feature tag as described in annex C in the Contact header field of the SIP 180 (Ringing) response to the SIP INVITE request.
2)
If the SC UE not supporting ICS or supporting ICS but with ICS Capabilities disabled receives a SIP INVITE request containing a SDP offer which includes speech media component transported using an IP bearer, and:

NOTE:
An indication that an SC UE with ICS capabilities has its ICS capabilities enabled or disabled can be found in the ICS MO ICS_Capabilities_Enabled leaf node (see 3GPP TS 24.286 [23]).
a)
if the SC UE sends the response to the SIP INVITE request over GERAN; 

b)
if the SC UE sends the response to the SIP INVITE request over E-UTRAN or UTRAN, and the IMSVoPS indicator indicates that voice is not supported; or

c)
if the SC UE sends the response to the SIP INVITE request over an access network other than E-UTRAN, UTRAN and GERAN, and the access network does not support the offered speech media component transported using an IP bearer;


then the SC UE shall send back a SIP 488 (Not Acceptable Here) response without a message body

The SC UE not supporting ICS or with ICS capabilities disabled shall support termination of calls in the CS domain as specified in 3GPP TS 24.008 [8].

An SC UE that supports ICS and has ICS capabilities enabled shall follow the call termination procedures as specified in 3GPP TS 24.292 [4].
When the SC UE not supporting ICS or with ICS capabilities disabled, and supports multiple registrations receives a SIP INVITE request containing SDP for establishing a session using just an IP bearer, then the SC UE shall establish this session in accordance with 3GPP TS 24.229 [2] with the following clarification:

-
if the SIP INVITE request contains a Target-Dialog header field containing dialog parameters that correspond to an existing dialog (or a dialog in the process of being established) between the SC UE and SCC AS the SC UE shall treat the SIP INVITE request as another dialog that is part of the same session as the dialog identified by the dialog parameters contained in the Target-Dialog header field; and

-
if the SIP INVITE request does not contain a Target-Dialog header field but there is an existing dialog (or a dialog in the process of being established) between the SC UE and SCC AS the SCC AS shall check if the dialog parameters for this request correspond to the dialog parameters received in a Target-Dialog header field received on an existing dialog (or a dialog in the process of being established) between the SC UE and SCC AS and if so then the SC UE shall treat the SIP INVITE request as another dialog that is part of the same session as the dialog that the Target-Dialog header field was received on.

NOTE:
The second case is to cover the possibility that requests can arrive out of the order that they were sent.
**** next change ****

9.1
Introduction

For a UE or an AS not supporting ICS procedures, PS-CS access transfer procedures enable transfer of 

-
one session with active speech or speech/video component; and

-
up to one session with active speech or speech/video media component and up to one session with inactive speech or speech/video media component when the MSC Server assisted mid-call feature is supported.

**** next change ****

9.2.1
SC UE procedures for PS to CS access transfer
If SC UE uses ICS capabilities, this subclause applies for IMS sessions containing speech media component only, otherwise subclause 11.2.1.2 applies.
The SC UE may be engaged in one or more ongoing sessions at the time of initiating 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.

If SC using ICS is enabled then if the SC UE is using Gm, then for each session with speech media component to be transferred and starting with the session with active speech media component, 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 transfer with full media transfer in subclause 10.2.1 (including the STI of the dialog to be transferred) with the following exceptions:

-
The SC UE shall indicate in the SIP INVITE request that the speech media component is using CS bearer with its corresponding media description.

-
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.

If the SC UE is not using ICS capabilities and if the SC UE does not apply the MSC Server assisted mid-call feature as specified in subclause 9.2.1A, subject to the SC_non_transferrable_media node value in the Communication Continuity MO (see subclause 5.27 in 3GPP TS 24.216 [5]), the SC UE shall:

a)
if more than one session with speech media component exists, first initiate the release of all the ongoing sessions with speech media component except the session with active speech media component that was most recently made active and then the SC UE shall transfer the remaining ongoing session with active speech media component.
When transferring the session(s) not using ICS capabilities, the SC UE shall send, a CC SETUP message  as specified in 3GPP TS 24.008 [8], to the SCC AS to set up a call over the CS domain. When sending CC SETUP message, the SC UE shall populate the CC SETUP message as follows:
1)
the called party BCD number information element set to the static STN; and
2)
Type Of Number set to "International" and Numbering Plan Indicator set to "E.164".in the Called Party BCD Number information element.
If the SC UE receives a release message to the CC SETUP message sent, then PS-CS access transfer has not completed successfully and the call will continue in the Source Access Leg.
**** next change ****

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

The SC UE shall apply the MSC Server assisted mid-call feature when transferring the session not using ICS capabilities if:
1.
the SC UE supports the MSC Server assisted mid-call feature; and

2.
one of the following is true:

A.
there is at least one ongoing session with active speech media component and the Contact header field received during the establishment of the ongoing session with active speech media component which has been most recently made active includes the g.3gpp.mid-call media feature tag as described in annex C; or

B.
there is no ongoing session with active speech media component and the Contact header field received during the establishment of the ongoing session with inactive speech media component which became inactive most recently includes the g.3gpp.mid-call media feature tag 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, and before sending a message to set up a call over the CS domain, the SC UE shall:

1.
if there are two or more ongoing sessions with active speech media component:

A.
initiate the release of all the ongoing sessions with speech media component except two that were most recently made active;

B.
initiate the session modification of the ongoing session with speech media component that was made active less recently and offer the speech media component with "sendonly" or "inactive" directionality; and

C.
transfer two remaining ongoing sessions with speech media component;

NOTE 1:
When session with active speech media component and another session with inactive speech media component exist, one CC SETUP message transfers both sessions.

2.
if there are one ongoing session with active speech media component and one or more ongoing session with inactive speech media component:
A.
initiate the release of all the ongoing sessions with inactive speech media component except the one which became inactive most recently; and

B.
transfer two remaining sessions with speech media component;

NOTE 2:
When session with active speech media component and another session with inactive speech media component exist, one CC SETUP message transfers both sessions.

3.
if there is one ongoing session with active speech media component and no ongoing session with inactive speech media component, transfer the ongoing session with the speech media component; and

4.
if there is no ongoing session with active speech media component and there is one or more ongoing session with inactive speech media component:
A.
initiate the release of all the ongoing sessions with inactive speech media component except the one which became inactive most recently; and

C.
transfer the ongoing speech session with speech media component.
NOTE 3:
The ongoing session with inactive speech media component is transferred to a held CS call.
The SC UE shall associate the additional transferred session with CS call with transaction identifier calculated as in the table 9.2.1A-1 and TI flag value as in 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

If:
1.
the SC UE has a subscription as described in subclause 7.2.2 for the session with active speech media component; or

2.
the session with active speech media component does not exist and the SC UE has a subscription as described in subclause 7.2.2 for the session with inactive speech media component;

then the SC UE shall associate the participants extracted in subclause 9.1A with transaction identifiers calculated as in the table 9.2.1A-2 and with TI flag of the session. The offsets 0, 2, 3, 4, 5 are assigned to the participants in their order in the list of the extracted participants.

Table 9.2.1A-2: transaction identifier assignment for participants

<transaction identifier of participant> = (<transaction identifier of the conference> + <offset of participant>) modulo 7

If 

1.
the session with active speech media component exists and the SC UE does not have a subscription as described in subclause 7.2.2 for the session with active speech media component; and

2.
the SC UE has a subscription as described in subclause 7.2.2 for the additional transferred session;

then the SC UE shall associate the participants extracted in subclause 9.1A with transaction identifiers calculated as in the table 9.2.1A-2 and with TI flag of the additional transferred session. The offsets 0, 1, 2, 3, 4 are assigned to the participants in their order in the list of the extracted participants.

**** next change ****

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, it is meant a CS call for which the CS call setup procedure is complete, e.g. a CC CONNECT message has been sent or received as described in 3GPP TS 24.008 [8] or a call 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 in the IM CN subsystem, the SC UE shall follow the procedures specified in subclause 6.2 to perform registration over the Target Access Leg before performing CS to PS access transfer.

If SC using ICS is enabled then if the original sessions are established using ICS capabilities as defined in 3GPP TS 24.292 [4], then for each session with speech media component to be transferred and starting with the one with active 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 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, subject to the SC_non_transferrable_media node value in the Communication Continuity MO (see subclause 5.27 in 3GPP TS 24.216 [5]) the SC UE shall:

a)
if more than one full-duplex speech session exists, first initiate the release of all the ongoing sessions that are currently not active with the UE procedures specified in 3GPP TS 24.083 [43] and then the SC UE shall transfer the remaining ongoing active full-duplex speech session.
When transferring the session(s) not using ICS 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.
**** next change ****

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 ICS 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 g.3gpp.mid-call media feature tag as described in annex C.

NOTE 1:
If the original sessions are not established using ICS capabilities as defined in 3GPP TS 24.292 [4] 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 CS call 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;

4.
where the g.3gpp.mid-call media feature tag as specified in annex C was included 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 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

2.
send a SIP INVITE request 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 fields in 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:

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

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

C.
the SDP offer with:

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

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.
Upon receiving a SIP 2xx response for the SIP INVITE request, then the SC UE shall proceed as specified in subclause 7.2.2.

**** next change ****

9.3.2
SCC AS procedures for PS to CS access transfer
This subclause does not apply to reception of a SIP INVITE request due to STI with CS media and other kind of media or without CS media.

When the SCC AS receives a SIP INVITE request due to STI with CS media only on the Target Access Leg, the SCC AS shall follow the procedures specified in subclause 10.3.2 with the following exceptions:
-
As the SIP INVITE request includes an active speech media component using CS bearer, then the SCC AS shall follow the procedures for SCC AS for service control over Gm in 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 SIP re-INVITE to the remote end.

-
The SCC AS shall correlate the STI with the allocated PSI DN in order to identify the remote leg to be updated.

When the SCC AS receives SIP INVITE request due to static STN, the SCC AS shall associate the SIP INVITE request with an ongoing dialog supporting a session 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 or P-Asserted-Identity header field or Contact header field, and send a SIP re-INVITE request towards the remote UE using the existing established dialog. By an ongoing dialog supporting a session, it is meant a dialog for which a SIP 2xx response to the initial SIP INVITE request has been sent or received. Multiple dialogs supporting a session associated with the same SC UE may have been anchored when the SCC AS receives a SIP INVITE request due to static STN. This can occur in the event that the UE does not succeed in releasing all dialogs supporting a session with inactive speech media component or if the UE applies the MSC Server assisted mid-call feature. The identification of the associated dialog is subject to the following conditions:

1.
if only one dialog supporting a session with active speech media component exists for the user identified in the P-Asserted-Identity header field and a SIP 2xx response has been sent, then continue the session transfer with the dialog supporting a session with active speech media component;

2.
if no dialogs supporting a session with active speech media component exist for the user identified in the P-Asserted-Identity header field 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;

3.
if more than one dialog supporting a session with active speech media component exists for the user identified in the P-Asserted-Identity header field for which SIP 2xx responses have been sent, then the SCC AS shall perform session transfer procedures for the dialog that originates from the same device that initiated the received SIP 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 this list; 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 GRUU of the originating user as determined via registration procedures as defined in subclause 6.3.

4.
if more than one dialog supporting a session exists for the user identified in the P-Asserted-Identity header field and exactly one dialog supporting a session with active speech media component exists 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 dialogs supporting a session with inactive speech media component and continue the session transfer procedures with the dialog supporting a session with active speech media component; or
-
if the SCC AS is not 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.
5.
if more than one dialog supporting a session with active speech media component exist for the user identified in the P-Asserted-Identity 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 all dialogs supporting a session with speech media component of the user identified in the P-Asserted-Identity header field for which a SIP 2xx response has been sent except the one with the active speech media component that was most recently made active and continue the session transfer procedures; or

-
if the SCC AS is not 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)
set the contact header field to the contact header field provided by the served UE at the creation of the dialog with the remote UE; and
3)
a new 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:
-
if the source access leg contains only one speech media component the SCC AS shall initiate release of the source access leg by sending a SIP BYE request toward the S-CSCF for sending to the served SC UE; or
-
If the Source Access Leg contains media components other than speech media component, the SCC AS should send a SIP re-INVITE request to update the source access leg.
**** next change ****

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 g.3gpp.mid-call media feature tag as specified in annex C;

2.
one of the following is true:

A.
at least one dialog supporting a session with active speech media component 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 dialog supporting a session with active speech media comonent which has been most recently made active includes the g.3gpp.mid-call media feature tag as described in annex C; or
B.
no dialog supporting a session with active speech media component exists for the user identified in the P-Asserted-Identity header field, one or more dialogs supporting a session with inactive speech media component exists for the user and the Contact header field provided by the SC UE at the establishment of the dialog supporting a session with inactive speech media component which became inactive most recently includes the g.3gpp.mid-call media feature tag as described in annex C;

3.
the SCC AS supports the MSC Server assisted mid-call feature according to operator policy; and

4.
the SCC AS is aware that all MSC Servers in the network where the UE is registered which can be involved in the SRVCC 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, and before determining that the SCC AS is not able to identify one dialog for session transfer, the SCC AS may:

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

2.
if more than one dialog supporting a session with active speech media component exists for the user identified in the P-Asserted-Identity header field and a SIP 2xx response has been sent for these dialogs, release all dialogs supporting a session with speech media component except two with the speech media component which became active most recently and continue the session transfer procedures with the dialog supporting a session with the speech media component which became active most recently; and

3.
if no dialog supporting a session with active speech media component exists for the user identified in the P-Asserted-Identity header field, one or more dialogs supporting a session with inactive speech media component exists for the user and a SIP 2xx response has been sent for these dialogs then the SCC AS may release all dialogs supporting a session with speech media component except the one with the speech media component which became inactive most recently and continue the session transfer procedures with the dialog supporting a session with inactive speech media component.

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 g.3gpp.mid-call media feature tag as described in annex C in the Contact header field of the SIP 2xx response to the SIP INVITE request due to static STN.
When the SCC AS applies the MSC Server assisted mid-call feature and a dialog supporting a session with inactive speech media component was associated with the SIP INVITE request due to static STN, in addition to the procedures described in subclause 9.3.2, the SCC AS shall set the directionality of the audio media in the SDP offer as used in the session with remote UE.
If:
-
the SCC AS applies the MSC Server assisted mid-call feature;

-
the session associated with the SIP INVITE request due to static STN is related to a subscription as described in subclause 7.3.3; and

-
a SIP 2xx response was received to the last SIP NOTIFY request with conference information sent to the UE within the related subscription;

then the SCC AS shall send a SIP INFO request towards the MSC Server as specified in 3GPP TS 24.229 [2] and IETF RFC 6086 [54] in the dialog created by the SIP INVITE request due to static STN. The SCC AS shall populate the SIP INFO request as follows:

1.
include the Info-Package header field as specified in IETF RFC 6086 [54] with g.3gpp.mid-call package name; and

2.
include application/vnd.3gpp.mid-call+xml XML body contaning the participants extracted as specified in the subclause 9.1A of the subscription related to the session associated with the SIP INVITE request due to static STN as described in subclause 7.3.3.

If the SCC AS applies the MSC Server assisted mid-call feature, two SIP dialogs supporting a session with  speech media component 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 3GPP TS 24.229 [2], IETF RFC 3515 [13] and IETF RFC 4488 [20] in the dialog created by the SIP INVITE request due to static STN. 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 additional transferred session, i.e. session with speech media component other than the session associated with the SIP INVITE request due to static STN, i.e. set to the additional transferred session SCC AS URI 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";

C.
the To URI header field populated as specified in IETF RFC 3261 [19], 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 [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 and:

a.
if directionality used by SC UE is "sendrecv" or "sendonly", with the "sendonly" directionality; and

b.
if directionality used by SC UE is "recvonly" or "inactive", with the "inactive" directionality.

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

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

A.
the session associated with the SIP INVITE request due to static STN is not related to any subscription as described in subclause 7.3.3;

B.
the additional transferred session is related to a subscription as described in subclause 7.3.3; and

C.
a SIP 2xx response was received to the last SIP NOTIFY request with conference information sent to the UE within the related subscription;


then SCC AS shall populate the XML body with the participants extracted as specified in the subclause 9.1A of the subscription related to the additional transferred session as specified in subclause 7.3.3.
**** next change ****

9.3.3
SCC AS procedures for CS to PS access transfer
When the SCC AS receives a SIP INVITE request due to STI on the Target Access Leg offering PS media only, the SCC AS shall follow the procedures specified in subclause 10.3.2.
When the SCC AS receives a SIP INVITE request due to static STI, the SCC AS shall associate the SIP INVITE request with an ongoing dialog supporting a session. By an ongoing dialog supporting a session, it is meant a dialog for which a SIP 2xx response to the initial SIP INVITE request has been sent or received. Multiple dialogs supporting a session associated with the same SC UE may have been anchored when the SCC AS receives a SIP INVITE request due to static STI. This can occur in the event that the UE does not succeed in releasing all dialogs supporting a session with inactive speech media component or if the UE supports the MSC Server assisted mid-call feature, in which case the identification of the associated dialog is subject to the following conditions:

1.
if only one dialog supporting a session with active speech media component exists for the user identified in the P-Asserted-Identity header field and a 2xx response has been sent, then continue the session transfer procedures;

2.
if no dialogs supporting a session with active speech media component exists for the user identified in the P-Asserted-Identity header field 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 9.3.4, then send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the session transfer;

3.
if more than one dialog supporting a session exists for the user identified in the P-Asserted-Identity header field and exactly one dialog supporting a session with active speech media component and a SIP 2xx response has been sent for that dialog, then:

A.
if the remaining dialogs support a session with inactive speech media component 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 dialogs supporting a session with inactive speech media component and continue the session transfer procedures with the dialog supporting a session with active speech media component; and
4.
if the SCC AS is not 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 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)
a new SDP offer, including the media characteristics as received in the SIP INVITE request due to the static STI, 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 BYE request over the source access leg.
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 SIP 4xx response), the SCC AS shall release the target access leg and maintain the source access leg.
**** next change ****

9.3.4
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 g.3gpp.mid-call media feature tag 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 AS is aware that all MSC Servers in the network where the UE is registered which can be involved in the SRVCC 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, and before determining that the SCC AS is not able to identify one dialog for session transfer, SCC AS may:

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

2.
if no dialog supporting a session with active speech media component exists for the user identified in the P-Asserted-Identity header field, one or more dialogs supporting a session with inactive speech media component exists for the user and a SIP 2xx response has been sent for these dialogs then the SCC AS may release all dialogs supporting a session with speech media component except the one with the speech media component which became inactive most recently and continue the session transfer procedures with the dialog supporting a session with inactive speech media component.

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 g.3gpp.mid-call media feature tag as described in annex C in the Contact header field of the SIP 2xx response to the SIP INVITE request due to static STI.
When the SCC AS applies the MSC Server assisted mid-call feature and a dialog supporting a session with inactive speech media component was associated with the SIP INVITE request due to static STI, in addition to the procedures described in subclause 9.3.3, the SCC AS shall set the directionality of the speech media component in the SDP offer as used in the session with remote UE.
If the SCC AS applies the MSC Server assisted mid-call feature, two SIP dialogs supporting a session with a speech media component 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 3GPP TS 24.229 [2], IETF RFC 3515 [13] and IETF RFC 4488 [20] in the dialog created by the SIP INVITE request 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 STI, i.e. set to the additional transferred session SCC AS URI 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.
if the remote UE did not request privacy then the To URI header field populated as specified in IETF RFC 3261 [19], 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 [19], containing the public user identity of the SC UE provided during the session establishment;

E.
the Content-Type URI 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 and with directionality as used by the MSC Server;
4.
the Content-Type header field with the value set to MIME type specified in the annex D.1.3; and

5.
a XML body compliant to the XML schema specified in the annex D.1.2.
**** next change ****

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 a remote end in conjunction with PS-CS access transfer with the same remote end is only possible when the UE is active in a single CS call with the remote end i.e. support of session transfer with more than one CS call is not provided.
**** next change ****

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

This subclause applies for IMS sessions containing not only speech media component, otherwise subclause 9.2.1 applies.

If SC using ICS is enabled then if the SC UE is using Gm, then for each session with speech media component to be transferred and starting with the session with active speech media 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 media transfer in subclause 10.2.1 with the following exceptions:

-
The SC UE shall indicate in the SIP INVITE request that the speech media component is using CS bearer with its corresponding media description.
-
When sending the SIP INVITE request for the sessions with inactive speech media component and if precondition is used, the SC UE shall indicate that the related local preconditions for the speech media component are met.
-
For the session with active speech media 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.

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 a SIP re-INVITE request over the source access leg indicating that the speech media component is to 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 speech media component, upon receiving the SCC AS 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.

**** next change ****

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 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 a single session with active 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 media transfer in subclause 10.2.1. For the speech media component to be transferred to the CS Target Access leg, the SC UE shall send to the SCC AS a CC SETUP message as specified in 3GPP TS 24.008 [8]. When sending the CC SETUP message, the SC UE shall populate the CC SETUP message as follows:
1)
the called party BCD number information element set to the STN;

2)
Type Of Number set to "International" and Numbering Plan Indicator set to "E.164".in the Called Party BCD Number information element.

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 SC UE shall send a SIP BYE request to terminate the Source Access Leg, following the procedures specified in 3GPP TS 24.229 [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 call 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 media transfer in subclause 10.2.2 to indicate that all media components other than the speech media component are still maintained on the Source Access Leg.

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 media component is still maintained on the Source Access Leg.

**** next change ****

11.2.1.4
SC UE procedures for PS to PS+CS access transfer not using ICS with MSC server assisted mid-call feature

In addition to the procedures described in subclause 11.2.1.3 the SC UE shall:

-
act as described in subclause 9.2.1A; and

-
if the MSC server assisted mid-call feature is applied, transfer the non-speech media components of the additional transferred session to the PS Target Access Leg as specified for PS-PS access transfer with partial media transfer in subclause 10.2.2.
**** next change ****

11.2.2.2
SC UE procedures for PS+CS to PS access transfer using ICS
If SC using ICS is enabled then if the original sessions are established using ICS capabilities as defined in 3GPP TS 24.292 [4], then for each session with speech media component to be transferred and starting with the session with active 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 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 is using PS media.

Upon receiving SIP BYE 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.

**** next change ****

11.3.2
SCC AS procedures for PS to PS+CS access transfer
This subclause does not apply to recepetion of a SIP INVITE request due to STI with a CS media.

When the SCC AS receives a SIP INVITE request due to STI with PS and CS media on the Target Access Leg, the SCC AS shall follow the PS-PS Access Transfer procedures specified in subclause 10.3.2. with the following exceptions:

If the SIP INVITE request includes an active speech media component using CS bearer, then the SCC AS shall follow the procedures for SCC AS for service control over Gm in 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 UE.
-
The SCC AS shall correlate the STI with the allocated PSI DN in order to identify the remote leg to be updated.

-
If service control over Gm is retained on the source access leg, and the SCC AS receives a re-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 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.
-
The SCC AS shall include a new SDP offer in the re-INVITE request, 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 with PS+CS media received on the Target Access Leg for media streams whose port is not set to zero; and

-
the media characteristics as received in the SIP re-INVITE request for media streams whose port is not set to zero.

When the SCC AS receives a 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 media component, the SCC AS does not initiate release for Source Access Leg.
**** next change ****

11.3.3
SCC AS procedures for PS+CS to PS access transfer
This subclause applies to reception of a SIP INVITE request due to STI with a PS media only.

When the SCC AS receives a SIP INVITE request due to 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 AS receives 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:

a)
an ongoing SIP dialog on the PS Source Access Leg: This is done by matching the dialog ID present in the Replaces header field (see IETF RFC 3891 [10]) or Target-Dialog header field (see IETF RFC 4538 [11]) of the SIP INVITE request with an ongoing 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;

b)
a different ongoing SIP dialog with active speech media component:

· if the SCC AS is unable to associate the SIP INVITE request with either one of the above two dialogs, send a SIP 480 (Temporarily Unavailable) 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 BYE 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)
a new SDP offer, including the media characteristics as received in the SIP INVITE request due to two STIs received on the Target Access Leg, by following the rules of 3GPP TS 24.229 [2].
**** next change ****

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 enables transfer of
-
single session with active speech media component; and

-
up to one session with active speech media component and up to one session with inactive speech media component when the MSC Server assisted mid-call feature is supported.
In order to fulfil the requirements for PS-CS access transfer in SR-VCC for calls in alerting state, the SC UE needs to be engaged in a session with speech media component in early dialog state according to the following conditions before SR-VCC access transfer is performed:
-
a SIP 180 (Ringing) response for the initial SIP INVITE request to establish this session has been sent or received; and

-
a SIP final response for the initial SIP INVITE request to establish this session has not been sent or received.

If one of the dialogs meets the above conditions then:

-
Subclauses 12.2.2, 12.2.3, 12.2.3A and 12.2.4 shall be followed for a SC UE engaged in one or more ongoing sessions.

-
Subclauses 12.2.3B and 12.2.4 shall be followed for a SC UE that is engaged in a session in early dialog state.
**** next change ****

12.2.2
ICS-based

If:

-
SC using ICS is enabled;

-
the Gm reference point is retained upon PS handover procedure;

-
the SC UE is using ICS capabilities as defined in 3GPP TS 24.292 [4]; 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:

-
send a SIP re-INVITE request for each session with speech media component to be transferred, starting with the session with active speech media component that was most recently made active; and

-
within the SDP offer indicate the media line for the speech media component (active or held) as an  speech media component 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-VCC procedures, e.g. the IP address of the UE, the Call-ID, the P-CSCF do not change. Therefore in this case a re-INVITE needs to be sent to add ICS-control for the CS bearer. 

**** next change ****

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 session with active speech media component which was made active most recently with the newly established CS voice call.

NOTE: 
In the case when ICS is not supported or used and the SC UE does not apply the MSC Server assisted mid-call feature, only the session with active speech media component which was made active most recently is transferred from PS to CS audio.

If:

-
the Gm reference point is retained upon PS handover; 

-
the SC UE is not using ICS capabilities; and

-
SR-VCC procedures (as described in 3GPP TS 24.008 [8]) have been completed;

the SC UE shall:

-
send a SIP re-INVITE request to the SCC AS as specified for media removal in subclause 13.2.1; and

-
indicate in the SDP offer the speech media component as removed.

**** next change ****

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 UE is not using ICS capabilities;

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

3.
one of the following is true:

A.
there is at least one session with active speech media component and the Contact header field received by the SC UE at the establishment of the session with active speech media component, which has been most recently made active, includes the g.3gpp.mid-call media feature tag as described in annex C; or

B.
there is no session with active speech media component and the Contact header field received by the SC UE at the establishment of the session with inactive speech media component which became inactive most recently includes the g.3gpp.mid-call media feature tag as described in annex C.
then the SC UE shall apply the MSC Server assisted mid-call feature as follows:

1.
if two or more sessions with active speech media component exist, the SC UE shall replace the speech media components of the two sessions with active speech media component which were most recently made active with the newly established active and held CS voice calls;
2.
if one session with active speech media component exists and one or more sessions with inactive speech media component exist, the SC UE shall replace the speech media components of the session with active speech media component and of the session with inactive speech media component which was most recently made inactive with the newly established active and held CS voice calls;

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

4.
if no session with active speech media component exists and one or more session with inactive speech media component exists, the SC UE shall replace the speech media component of the session with inactive speech media component which became inactive most recently with the newly established held CS voice call.
For each session, the SC UE shall proceed as specified in subclause 12.2.3.
If two sessions are transferred, the SC UE shall associate the additional transferred session with CS call with transaction identifier 1 and TI flag value as in mobile terminated call.

NOTE:
The session with active speech media component transaction identifier value is described in 3GPP TS 24.008 [8]
If a transferred session is with conference focus then the SC UE shall associate the transaction identifiers to participants as in subclause 9.2.1A.

If single session with inactive speech media component is transferred, the SC UE shall associate the transferred session with CS call with transaction identifier 0 and TI flag value as in mobile terminated call.

**** next change ****

12.2.3B
Alerting call

12.2.3B.1
General

The SC UE shall apply the procedures in subclauses 12.2.3B.3 for access transfer for calls in alerting state if:

1)
the SC UE supports single radio PS to CS access transfer for calls in alerting state; and
2)
there are one or more early dialogs created by the same SIP INVITE request with at least one dialog that is an early dialog supporting a session with active speech media component where the SC UE:
-
has sent a Contact header field in a SIP INVITE request or 180 (Ringing) response containing the g.3gpp.srvcc-alerting media feature tag (as described in annex C); and

-
has received a Record-Route header in a SIP INVITE request or 180 (Ringing) response containing the g,3gpp.srvcc-alerting media feature tag (as described in annex C)

The SC UE shall apply the procedures in subclauses 12.2.3B.4.1 for access transfer for calls in alerting state if:

1)
the SC UE supports single radio PS to CS access transfer for calls in alerting state; 

2)
there are several dialogs supporting more than one session where:

a)
there is at least one dialog supporting a session in the confirmed state with active speech media component;

b)
there are one or more early dialogs created by the same SIP INVITE request  that has at least one dialog that is an early dialog supporting a session with active speech media component where the SC UE:

-
has sent a Contact header field in a SIP INVITE request or 180 (Ringing) response containing the g.3gpp.srvcc-alerting media feature tag (as described in annex C); and

-
has received a Record-Route header in a SIP INVITE request or 180 (Ringing) response containing the g,3gpp.srvcc-alerting media feature tag (as described in annex C)
**** next change ****

12.2.3B.1A
Considerations for MSC server assisted mid-call feature

If the SC UE supports both access transfer for calls in alerting state and the MSC server assisted mid-call feature then in addition to supporting the procedures specified in subclauses 12.2.3B.3 and 12.2.3B.4.1, it shall apply the procedures specified in subclause 12.2.3B.4.2 where there are several dialogs supporting more than one session according to the following conditions:

1)
there are no dialogs in the confirmed state supporting a session with active speech media component;  

2)
there is at least one dialog in the confirmed state supporting a session with inactive speech media component;
3)
there is only one session with active speech media component, that has at least one dialog that is an early dialog; and

4)  the SC UE:

-
has sent a Contact header field in a SIP INVITE request or 180 (Ringing) response containing both the g.3gpp.srvcc-alerting media feature tag and the g.3gpp.mid-call media feature tag (as described in annex C); 

-
has received a Record-Route header in a SIP INVITE request or 180 (Ringing) response containing the g,3gpp.srvcc-alerting media feature tag ; and

-
has received a Contact header field in a SIP INVITE request or 180 (Ringing) response containing the g.3gpp.mid-call media feature tag.
12.2.3B.3
Single call in alerting state 

**** next change ****

12.3
SCC AS
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:

-
SIP INVITE 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 MSC server. In the procedures below, such requests are known as "SIP INVITE requests due to STN-SR".

-
SIP re-INVITE 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".

-
SIP re-INVITE 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-ICS control".

When the SCC AS receives a 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 speech media component that was most recently made active and the related dialog is in confirmed state; and

-
if the SCC AS supports SRVCC for calls in alerting phase than follow the PS-CS access transfer procedures specified in subclause 12.3.4 for the session with active speech media component and the related dialog is in early state.
The SCC AS shall initiate the release for the Source Access Leg only after an operator specific timer has been expired.

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 media component to be transferred was the only media component in the SIP dialog, the SCC AS shall release the remote leg as specified in 3GPP TS 24.229 [2]; or
2)
if the session contains other media components than the active speech media component, the SCC AS shall modify the remote leg and remove the speech media component, as specified in 3GPP TS 24.229 [2].
Editor's Note: [TEI10] Potential overlap and interaction of the above procedure with abnormal case handling requires further study.

When the SCC AS receives a 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 a time. Nevertheless, several calls can be held in parallel. If the user decides to switch to another (previously held) call, the ICS controlled CS bearer is re-used for this call. Therefore no specific procedures for handling of held calls in the case of ICS controlled CS bearer are needed.

When the SCC AS receives a SIP re-INVITE for non-ICS control, the SCC AS shall follow the media removal procedures as specified in subclause 13.3.1.
Unless the MSC Server assisted mid-call feature applies, as only the session with active speech media component which was made active most recently is transferred from PS to CS audio, the SCC AS shall drop all other previously existing speech media components from this UE and indicate them accordingly in the SDP offer sent within SIP re-INVITE requests towards the remote UE.

**** next change ****

12.3.2
SCC AS procedures for PS to CS access transfer with MSC server assisted mid-call feature, SR-VCC

If 

1.
the SC UE included the g.3gpp.ics media feature tag as specified in the 3GPP TS 24.292 [4] in the Contact header field 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 a time given by local policy and the transfer request for the session with inactive speech media component has not been received within a time given by local policy after the reception of the SIP INVITE request due to static STN;

2.
the SC UE included the g.3gpp.ics media feature tag as specified in the 3GPP TS 24.292 [4] in the Contact header field 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 MSC Server assisted mid-call feature for a time given by local policy; or

3.
the SC UE did not include the g.3gpp.ics media feature tag as specified in the 3GPP TS 24.292 [4] in the Contact header field during establishment of the session associated with the SIP INVITE request 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 sessions with speech media component; and

2.
the SCC AS does not initiate release for Source Access Leg of the associated SIP dialogs but remove speech media component for these dialogs.
Removing speech media flow for SIP dialogs, the SCC AS shall:

-
if the speech media component was the only media component in the SIP dialogs, release the source access leg as specified in 3GPP TS 24.229 [2]; or
-
if the SIP dialogs contains other media components than the speech media component, modify the source access leg and remove the speech media component, as specified in 3GPP TS 24.229 [2].
If the SCC AS also supports SRVCC for calls in alerting phase then after finishing the procedures of this subclause, the SCC AS shall perform the procedures in subclause 12.3.4.
**** next change ****

12.3.4.1
General
The SCC AS shall apply the procedures for access transfer for calls in alerting phase as described in subclauses 12.3.4.2 and 12.3.4.3 if:
1.
the Contact header field of the SIP INVITE request routed to the SCC AS due to a STN-SR includes the g.3gpp.srvcc-alerting media feature tag as specified in annex C;
2.
one of the following is true:

A.
there is only one dialog supporting an SRVCC transferable session with active speech media component existing for the served user identified in the P-Asserted-Identity header field and the dialog is an early dialog and the Contact header field provided by the SC UE includes the g.3gpp.srvcc-alerting media feature tag as described in annex C; or
B.
there are several dialogs supporting SRVCC transferable sessions with speech media component for the served user identified in the P-Asserted-Identity header field such that:

a.
there are one or more early dialogs created by the same SIP INVITE request and the remaining dialogs are confirmed dialogs;

b.
all the confirmed dialogs support sessions with inactive speech media component;

c.
SCC AS does not apply the MSC server assisted mid-call feature as described in subclause 12.3.2; and

d.
the Contact header field provided by the SC UE at the establishment of the early dialog(s) included the g.3gpp.srvcc-alerting media feature tag;

3.
the SCC AS supports the access transfer of calls in alerting state according to operator policy; and

4.
the SCC AS is aware that all MSC Servers in the network where the UE is registered which can be involved in the SRVCC procedures support the transfer calls in alerting phase.

NOTE 1:
SCC AS can identify the network where the UE is registered based on the P-Visited-Network-Id header field and the P-Access-Network-Info header field of the SIP REGISTER request.

The SCC AS shall apply the procedures described in subclauses 12.3.4.4 if:
1.
the Contact header field of the SIP INVITE request routed to the SCC AS due to a STN-SR includes the g.3gpp.srvcc-alerting media feature tag;
2.
the SCC AS supports the access transfer of calls in alerting state according to operator policy;

3.
the SCC AS is aware that all MSC Servers in the network where the UE is registered which can be involved in the SRVCC procedures support the transfer calls in alerting phase; and

NOTE 2:
SCC AS can identify the network where the UE is registered based on the P-Visited-Network-Id header field and the P-Access-Network-Info header field of the SIP REGISTER request.

4.
one of the following is true:

A.
two or more dialogs supporting the SRVCC transferable sessions with speech media component exist for the served user identified in the P-Asserted-Identity header field such that:

a.
the Contact header fields provided by the SC UE at the establishment of the SRVCC transferable sessions included the g.3gpp.srvcc-alerting media feature tag; and

b.
one dialog is a confirmed dialog with active audio media and the remaining dialog(s) are early dialog with active audio media created by the same SIP INVITE request; or

B.
two or more dialogs supporting the SRVCC transferable sessions with speech media component exist for the served user identified in the P-Asserted-Identity header field such that:

a.
the Contact header fields provided by the SC UE at the establishment of the SRVCC transferable sessions included the g.3gpp.srvcc-alerting media feature tag;

b.
one dialog is a confirmed dialog with inactive speech media component and the remaining dialog(s) are early dialogs with active speech media component created by the same SIP INVITE request; and

c.
the SCC AS also applies the MSC server assisted mid-call feature as described in subclause 12.3.2.

Editor's Note: [TEI10] The exact coding of the feature tag to indicate support for srvcc-alerting is ffs.

**** next change ****

12.3.4.2
SCC AS procedures for PS to CS access transfer for terminating call in alerting phase using SRVCC procedure

When the SCC AS applies procedures for access transfer for calls in alerting phase, and receives a SIP INVITE request due to STN-SR on the Target Access leg, the SCC AS shall associate the SIP INVITE request with an early dialog supporting a session for the user identified in the P-Asserted-Identity header field.

If the session is a terminating session in early dialog state available for the served user, the SCC AS shall update the remote leg by sending a SIP UPDATE request towards the remote UE using the existing established dialog according as specified in 3GPP TS 24.229 [2]. Upon receiving the SIP 200 (OK) response to the SIP UPDATE request from the remote UE, the SCC AS shall send a SIP 183 (Session Progress) response in response to the SIP INVITE due to STN-SR towards the MSC server.
Upon receiving the SIP PRACK request from the MSC Server, the SCC AS shall send a SIP INFO request towards the MSC server as specified in 3GPP TS 24.229 [2] and IETF RFC 6086 [54] in the dialog created by the SIP INVITE request due to STN-SR. The SCC AS shall populate the SIP INFO request as follows:

1.
include the Info-Package header field as specified in IETF RFC 6086 [54] with 3gpp.state-and-event info package name; and

2.
include an application/vnd. 3gpp.state-and-event-info +xml XML body compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "early" and the direction XML element containing "receiver".
Upon receiving the SIP INFO request which includes an XML body compliant to the XML schema specified in the annex F.1.2 from the MSC Server with the event XML element containing "call-accepted", the SCC AS shall send as specified in 3GPP TS 24.229 [2]:

1)
a SIP 200 (OK) response to the SIP INVITE request received earlier from the remote UE indicating that the called party has answered the call; and
2)
a SIP 200 (OK) response to the SIP INVITE request due to STN-SR towards the MSC server to indicate the successful access transfer. 

Editor's Note: [TEI10] Further study is required whether error procedures need to be described. This may be required for cases where the SIP INFO request is not received, or for cases were the INFO request contains a malformed body. Other error scenrios are INFO request received but not expected.

Upon receiving the SIP ACK request from the IM CN subsystem, then 

1)
if the SCC AS had previously received a SIP 200 (OK) response to the dialog that was previously in early state, from the SC UE, the SCC AS shall send a SIP ACK request to the SC UE; and

NOTE 1:
The condition above covers the case where the UE answers the call in the PS domain prior to the completion of the handover to the CS domain, whilst the SCC AS is applying the PS to CS access transfer procedure specified above, 

2)
if the source access leg contains only one speech media component, the SCC AS shall initiate release of the source access leg by sending a SIP CANCEL request toward the S-CSCF for sending to the served SC UE. The SCC AS shall send the SIP CANCEL request only after an operator specific timer has expired.

NOTE 2:
Delaying the SIP CANCEL request as described above allows an ICS UE to add Gm control if needed and an SC UE to reuse the PS dialog in case of SRVCC cancellation.
If the SCC AS receives a SIP 200 (OK) response to the dialog that was previously in early state, from the SC UE whilst the SCC AS is applying the PS to CS access transfer procedure specified above, the SCC AS does not confirm reception of the SIP 200 (OK) response with a SIP ACK request and performs no actions on dialogs with the remote party and with the MSC server.
**** next change ****

12.3.4.3
SCC AS procedures for PS to CS access transfer for originating call in alerting phase using SRVCC procedure

When the SCC AS applies procedures for access transfer for an originating call in alerting phase, and receives a SIP INVITE request due to STN-SR on the Target Access leg, the SCC AS shall associate the SIP INVITE request with an early dialog or early dialogs related to the originating call for the user identified in the P-Asserted-Identity header field.

If there is only one early dialog related to the originating call in alerting phase  available for the served user, the SCC AS shall update the remote leg by sending a SIP UPDATE request towards the remote UE using the existing established dialog as specified in 3GPP TS 24.229 [2]. Upon receiving the SIP 200 (OK) response to the SIP UPDATE request from the remote UE, the SCC AS shall send a SIP 183 (Session Progress) response in response to the SIP INVITE request due to STN-SR towards the MSC server.
If there are more than one early dialogs related to the originating call in alerting phase available for the served user due to forking as described in 3GPP TS 24.229[2], the SCC AS shall update the remote legs by sending SIP UPDATE requests simultaneously towards every remote UE using the existing established dialogs as specified in 3GPP TS 24.229 [2]. Upon receiving each SIP 200 (OK) response to the SIP UPDATE request from the remote UE, the SCC AS shall send a SIP 183 (Session Progress) response in response to the SIP INVITE request due to STN-SR towards the MSC server.
Upon receiving the first SIP PRACK request from the MSC Server, the SCC AS shall send a SIP INFO request towards the MSC server as specified in 3GPP TS 24.229 [2] and IETF RFC 6086 [54] in the dialog created by the SIP INVITE request due to STN-SR. The SCC AS shall populate the SIP INFO request as follows:

1.
include the Info-Package header field as specified in IETF RFC 6086 [54] with 3gpp.state-and-event info package name; and

2.
include application/vnd. 3gpp.state-and-event-info +xml XML body containing a XML body compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "early" the direction XML element containing "initiator".

Upon receiving the SIP ACK request from the IM CN subsystem, and if the source access leg contains only one speech media component initiate release of the source access leg by sending a 404 (Not Found) response toward the S-CSCF for sending to the served SC UE. The SCC AS shall send the SIP 404 (Not Found) response only after an operator specific timer has expired.

NOTE:
Delaying the SIP 404 (Not Found) response as described above allows an ICS UE to add Gm control if needed and an SC UE to reuse the PS dialog in case of SRVCC cancellation.
**** next change ****

12.3.5
SCC AS procedures for PS to CS access transfer: SRVCC enhancement using ATCF

The SCC AS needs to distinguish the following initial SIP request:

-
SIP INVITE requests routed to the SCC AS due to ATU-STI in the Request-URI. In the procedures below, such requests are known as "SIP INVITE requests due to ATU-STI".
Upon receiving the SIP INVITE request due to ATU-STI, the SCC AS shall:

1)
if there is a Target-Dialog header field in the SIP INVITE request due to ATU-STI:
A)
determine transferable session set which are all the SRVCC transferable sessions of the SC UE whose private user identity is associated with Correlation MSISDN equal to the URI in the P-Asserted-Identity header field of the SIP INVITE requests due to ATU-STI;

Editor's note [eSRVCC, CR#0435]: the term SRVCC transferable session is to be defined.
B)
determine the session being transferred which is a session:
a)
in the transferable session set;

b)
is confirmed dialog; and

c)
with active speech media component which has been made active most recently; and

C)
if the session being transferred was determined and is the same as the dialog identifier in the Target-Dialog header field in the SIP INVITE request due to ATU-STI, then perform the procedures described for SIP INVITE request due to STN-SR in subclause 12.3.1 with the following differences:
a)
if the SDP offer in the SIP INVITE request due to ATU-STI is the same as the SDP negociated by the ATCF in the session being transferred:

i)
do not send SIP re-INVITE request towards remote UE; and

ii)
send a SIP 200 (OK) response to the SIP INVITE request due to ATU-STI containing the SDP negotiated by SCC AS towards ATCF in the session being transferred;
NOTE:
handling when no session being transferred is determined or when the dialog identifier in the Target-Dialog header field in the SIP INVITE request due to ATU-STI identifies a dialog other than the session being transferred is out of scope of this release of this document.
2)
if there is no Target-Dialog header field in the SIP INVITE request:

a)
perform the procedures described for SIP INVITE requests due to STN-SR in subclause 12.3.1.

Editor's note [eSRVCC]: whether the ATU-STI is static or dynamic needs FFS.

**** next change ****

12.4
MSC server enhanced for ICS

When an MSC server enhanced for ICS supporting SRVCC receives an indication for a session transfer as described in 3GPP TS 23.216 [49], then the MSC server enhanced for ICS shall initiate a SIP INVITE request and shall:

1)
set the request URI to the STN-SR for the session with speech media component to be transferred;

2)
set the P-Asserted-Identity header field to the Correlation MSISDN;
3)
set the Contact header field to the address of the MSC server; and

4)
include an SDP offer only containing a speech media component .

NOTE:
MSC servers enhanced for ICS does not apply the ICS procedure described in 3GPP TS 29.292 [18] and 3GPP TS 24.292 [4] when sending the SIP INVITE request.
If the MSC server enhanced for ICS supports the MSC server assisted mid-call feature, it shall apply the procedures defined in subclause 12.4A.

After finishing the access transfer procedures, the MSC server enhanced for ICS shall apply the ICS procedure as specified in 3GPP TS 29.292 [18] and 3GPP TS 24.292 [4].

**** next change ****

12.4A
MSC server assisted mid-call feature

An MSC server supporting the MSC server assisted mid-call feature shall apply procedures as described in subclause 9.5 with the following modifications:
NOTE 1:
The MSC server assisted mid-call feature can only be supported by an MSC server enhanced for ICS (subclause 12.4) or an MSC server enhanced for SRVCC using SIP interface (subclause 12.6.1).
0.
if the MSC server is enhanced for ICS, the MSC server does not apply the ICS procedure described in 3GPP TS 29.292 [18] and 3GPP TS 24.292 [4] when sending the SIP INVITE request;

1.
if two sessions are transferred, associate the SIP INVITE request for an additional session with inactive speech media component with CS call in the Active (N10) state (as defined in 3GPP TS 24.008 [8]) and in the Call held auxiliary state (as defined in 3GPP TS 24.083 [43]) with transaction identifier 1 and TI flag value as in mobile terminated call; and
NOTE 2:
The transaction identifier value for the session with active speech media component is described in 3GPP TS 24.008 [8]
2.
if single session is transferred and all the media in the SDP answer of the SIP 2xx response to the SIP INVITE request have directionality inactive, associate the SIP INVITE request for the session with CS call with transaction identifier 0 and TI flag value as in mobile terminated call.
NOTE 3:
For an MSC server enhanced for SRVCC using SIP interface, following access transfer, the procedures for the handling of transferred conference participants are implementation dependent.

**** next change ****

12.6.1
Session transfer from MSC server enhanced for SRVCC using SIP interface
When an MSC server enhanced for SRVCC using SIP interface receives an indication for a session transfer as described in 3GPP TS 23.216 [49], then the MSC server enhanced for SRVCC using SIP interface shall initiate a SIP INVITE request and shall:

1)
set the request URI to the STN-SR for the session with speech media component to be transferred;

2)
set the P-Asserted-Identity header field to the Correlation MSISDN;
3)
set the Contact header field to the address of the MSC server; and
4)
include an SDP offer only containing a speech media component.

If the MSC server enhanced for SRVCC using SIP interface supports the MSC server assisted mid-call feature then in addition to the procedures in this subclause it shall apply the procedures defined in subclause 12.4a.
**** next change ****

12.6.2
Emergency session transfer from MSC server enhanced for SRVCC using SIP interface
When an MSC server enhanced for SRVCC using SIP interface receives an indication for a session transfer for an emergency session as described in 3GPP TS 23.216 [49], then the MSC server enhanced for SRVCC using SIP interface shall initiate a SIP INVITE request and shall:

1)
set the request URI to the E-STN-SR for the session with speech media component to be transferred;

2)
include the instance-id feature tag as specified in IETF RFC 5626 [22] with a value based on the IMEI as defined in 3GPP TS 23.003 [12] in the Contact header field;

3)
set the P-Asserted-Identity header field to the Correlation MSISDN if one is available; and

4)
include an SDP offer with media which the MSC server wishes to use in the session.

**** next change ****

12.7.2.1
General

Upon receiving the SIP INVITE request due to STN-SR, the ATCF shall:

1)
determine transferable session set which are all the SRVCC transferable sessions associated with C-MSISDN equal to the URI in the P-Asserted-Identity header field of the SIP INVITE requests due to STN-SR; and

Editor's note (WID eSRVCC): it is FFS how to determine whether a session is SRVCC transferable session.

2)
determine the session being transferred which is a session:

A)
in the transferable session set;

B)
for which the SIP 2xx response for the initial SIP INVITE request to establish this session has been sent or received; and

C)
with active speech media component which has been made active most recently.

**** next change ****

12.7.2.4
Transfer when only held or alerting session exist

If the transferable session set determined in subclause 12.7.2.1 is not empty and each session in the transferable session set:

1)
is early dialog; or

2)
is confirmed dialog and contains inactive speech media component;

then the ATCF shall provide the proxy role as specified in 3GPP TS 24.229 [2] and shall replace the Request-URI in the received SIP INVITE request due to STN-SR with ATU-STI associated with a session in the transferable session set before forwarding the request.

**** next change ****

13.3.2
Adding Gm control to existing CS session

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

-
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 SIP INVITE request contains additional PS media, the SCC AS shall send a SIP re-INVITE request towards the remote UE, including the newly added PS media, in accordance with the procedures defined in 3GPP TS 24.229 [2].

The SCC AS shall add Gm control to an existing CS session only when there is a single session with speech media component 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 a new 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 a circuit 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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