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****************** change 1 ******************

2
References

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

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

· For a specific reference, subsequent revisions do not apply.

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

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[2]
3GPP TS 24.229: "IP multimedia call control protocol based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".
[3]
3GPP TS 24.228 Release 5: "Signalling flows for the IP multimedia call control based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".
[4]
3GPP TS 24.292: "IP Multimedia (IM) Core Network (CN) subsystem Centralized Services (ICS); Stage 3".
[5]
3GPP TS 24.216: "Communication continuity managed object".

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

[7]
3GPP TS 29.329: "Sh interface based on the Diameter protocol; Protocol details".
[8]
3GPP TS 24.008: "Mobile radio interface layer 3 specification; Core Network protocols; Stage 3".
[9]
3GPP TS 23.237: "IP Multimedia subsystem (IMS) Service Continuity; Stage 2".
[10]
IETF RFC 3891: "The Session Initiation Protocol (SIP) "Replaces" Header".
[11]
IETF RFC 4538: "Request Authorization through Dialog Identification in the Session Initiation Protocol (SIP)".
[12]
3GPP TS 23.003: "Numbering, addressing and identification".
[x]
3GPP TS 29.292: "Interworking between the IP Multimedia (IM) Core Network (CN) subsystem and MSC Server for IMS Centralized Services (ICS)".
****************** change 2 ******************

4.4
MSC Server assisted mid-call feature configuration

The SC UE can be configured to use the MSC Server assisted mid-call feature. If not configured, the SC UE shall refrain from using the MSC Server assisted mid-call feature.
Editor's note:
definition of the configuration parameter is FFS
****************** change 3 ******************

6.2
SC UE

The SC UE shall follow the procedures specified in 3GPP TS 24.229 [2] for registration of the UE in the IM CN subsystem. If the SC UE intends to use the MSC Server assisted mid-call feature, the SC UE shall include the media feature-tag as described in annex Y in the Contact header field of the SIP REGISTER request.
Prior to making use of IMS ICS procedures, the UE shall follow the procedures specified in 3GPP TS 24.292 [4] for registration of the ICS UE in the IM CN subsystem.

****************** change 4 ******************

7.2
SC UE

The SC UE shall support origination of multimedia sessions in the IM CN subsystem as specified in 3GPP TS 24.229 [2]. If the SC UE intends to use the MSC Server assisted mid-call feature in the session, the SC UE shall include the media feature-tag as described in annex Y in the Contact header field of the SIP INVITE request.
The SCC UE shall support origination of calls in the CS domain as specified in 3GPP TS 24.008 [8].

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

****************** change 5 ******************

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]. If the SC UE intends to use the MSC Server assisted mid-call feature in the session, the SC UE shall include the media feature-tag as described in annex Y in the Contact header field of the SIP 2xx response to the SIP INVITE request.
The SC UE shall support termination of calls in the CS domain as specified in 3GPP TS 24.008 [8].

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

****************** change 6 ******************

9.2.1
SC UE procedures for PS to CS session continuity
Editor's note: it is FFS how the SC UE supporting the MSC Server assisted mid-call feature finds out whether the MSC Server supports the MSC Server assisted mid-call feature and transfer two sessions or whether the MSC Server assisted mid-call feature does not support the MSC Server assisted mid-call feature and transfers single session only
The SC UE may be engaged in one or more ongoing IMS sessions at the time of initiating session continuity. By an ongoing IMS session, it is meant a session for which the 2xx response for the initial SIP INVITE request to establish this session has been sent or received.

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

If the SC UE is not using ICS capabilities and

1.
if the SC UE does not use the MSC Server assisted mid-call feature, then session continuity is only possible when the UE is active in a single full-duplex speech session. If multiple full-duplex speech sessions exist, the SC UE shall first initiate the release of all the ongoing full-duplex speech sessions except the most recently active full-duplex speech session and the SC UE shall transfer the remaining ongoing full-duplex speech session. 
2.
if the SC UE uses the MSC Server assisted mid-call feature, the SC UE shall: 

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

a.
initiate the release of all the ongoing full-duplex speech sessions except two most recently active ongoing full-duplex speech sessions;

b.
initiate the session modification which makes the earlier active ongoing full-duplex speech session inactive; and
c.
transfer two remaining ongoing full-duplex speech sessions;
B.
if there is one ongoing active full-duplex speech session, initiate the release of all the ongoing inactive full-duplex speech sessions except the session which became inactive most recently and transfer two remaining ongoing full-duplex speech sessions; and

C.
if there is no ongoing active full-duplex speech session, initiate the release of all the ongoing inactive full-duplex speech sessions except the session which became inactive most recently and transfer the remaining ongoing full-duplex speech session.

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

1)
the called party BCD number information element set to the static STN.
NOTE:
When active and inactive ongoing full-duplex speech sessions exist, one CC_SETUP message transfers both sessions.
If the SC UE receives a release message to the CC SETUP message sent, then PS-CS session continuity has not completed successfully and the call will continue in the Source Access Leg.
****************** change 7 ******************

9.2.2
SC UE procedures for CS to PS session continuity

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

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

If the original sessions are established using ICS capabilities, then for each session to be transferred and starting with the active session, the SC UE shall send a SIP INVITE request to the SCC 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 session continuity 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 use the MSC Server assisted mid-call feature, then session continuity is only possible when the SC UE is active in a single full-duplex speech session. If multiple full-duplex speech sessions exist, the SC UE shall first initiate the release of all the ongoing sessions that are currently not active.
NOTE:
If the original sessions are not established using ICS capabilities and the SC UE uses the MSC Server assisted mid-call feature, up to one active and up to one inactive full-duplex speech session can be transferred.

When transferring the session 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;
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;

3)
an SDP offer in accordance with 3GPP TS 24.229 [2]; and
4)
if the SC UE uses the MSC Server assisted mid-call feature: 

A.
include the media feature-tag as described in annex Y in the Contact header field of the SIP INVITE request; and

B.
if the transferred session is an ongoing inactive full-duplex speech session, set the sendonly or inactive directionality for each media in the SDP offer.

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. 
Upon receiving a SIP 2xx response to the SIP INVITE request, if the SC UE uses the MSC Server assisted mid-call feature and if an access transfer information XML body as specified in Annex X is included in the SIP response, then the SC UE shall send a SIP INVITE request for an additional inactive session 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;

2)
select one of the following options:

A.
if usage of SIP Replaces extension is selected:

a.
the Replaces header field populated as specified in IETF RFC 3891 [10], containing the dialog identifier included in the access transfer information XML body; and

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

B.
if usage of SIP Target-Dialog extension is selected:

a.
the Target-Dialog header field populated as specified in IETF RFC 4538 [11], containing the dialog identifier included in the access transfer information XML body; and

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

3)
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 media feature-tag as described in annex Y; and
4)
an SDP offer with all offered media with sendonly or inactive directionality. 
****************** change 8 ******************

9.3.1
Distinction of requests sent to the SCC AS

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

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

· SIP INVITE requests routed to the SCC AS containing a static STI in the Request-URI and not containing a STI belonging to the subscribed user in the Replaces header field or the Target-Dialog header field. In the procedures below, such requests are known as "SIP INVITE requests due to static STI".

· SIP INVITE requests routed to the SCC AS containing either a static STN, a STN-SR or an IMRN (as described in 3GPP TS 24.292 [4]) in the Request-URI and not containing a STI belonging to the subscribed user in the Replaces header field or the Target-Dialog header field. In the procedures below, such requests are known as "SIP INVITE requests due to static STN ".

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

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

****************** change 9 ******************

9.3.2
SCC AS procedures for PS to CS session continuity

When the SCC AS receives a SIP INVITE request due to STI on the Target Access Leg, the SCC AS shall follow the procedures specified in subclause 10.3.2.

When the SCC AS receives SIP INVITE request due to static STN, the SCC AS shall associate the SIP INVITE request with an ongoing SIP dialog based on information associated with the received IMRN (as described in 3GPP TS 24.292 [4]) or based on information from the SIP History-Info header field and P-Asserted header field and send a SIP re-INVITE request towards the remote UE using the existing established dialog. By an ongoing SIP dialog, it is meant a dialog for which a SIP 2xx response to the initial SIP INVITE request has been sent or received. Multiple dialogs associated with the same SCC 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 with inactive audio media or if the UE uses the MSC Server assisted mid-call feature. The identification of the associated dialog is subject to the following conditions:

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

2.
if no SIP dialogs exist for the user identified in the P-Asserted-Identity header field where there is active audio media and a SIP 2xx response has been sent, then send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the session transfer;

3.
if more than one SIP dialog exists for the user identified in the P-Asserted-Identity header field for which SIP 2xx responses have been sent and there is active audio media on each of them, then the SCC AS shall perform session transfer procedures for the dialog that originates from the same device that initiated the received INVITE request due to static STN. If more than one such dialogs exists from the same device, the SCC AS shall proceed with the next step in this list; 
NOTE 1:
Whether the dialog originates from the same UE as the received SIP INVITE request is determined based on local information and information related to the correlation MSISDN or the Instance-ID of the originating user as determined via registration procedures as defined in subclause 6.3.

4.
if 
A.
the SCC AS supports the MSC Server assisted mid-call feature according to operator policy; and

B.
the Contact header field of the SIP INVITE request due to static STN includes the feature-tag as specified in Annex Y

then SCC AS shall apply the MSC Server assisted mid-call feature. Otherwise the SCC AS shall not apply the MSC Server assisted mid-call feature;

5.
if more than one SIP dialog exists for the user identified in the P-Asserted-Identity header field, exactly one dialog exists where there is active audio media, a SIP 2xx response has been sent for that dialog and there is at least one remaining dialog with inactive audio media, then:

A.
if the SCC AS does not apply the MSC Server assisted mid-call feature, then the SCC AS may release all dialogs with inactive audio media and continue the session transfer procedures with the active audio media SIP dialog; and
B.
if the SCC AS applies the MSC Server assisted mid-call feature then: 
a.
if the Contact header field provided by the SC UE during establishment of the dialog with the audio media which became inactive most recently does not include the feature-tag as specified in Annex Y, then the SCC AS may release all dialogs with inactive audio media and continue the session transfer procedures with the active audio media SIP dialog; and

b.
if the Contact header field provided by the SC UE during establishment of the dialog with the audio media which became inactive most recently includes the feature-tag as specified in Annex Y, then the SCC AS may release all dialogs with inactive audio media except the dialog with the audio media which became inactive most recently and continue the session transfer procedures with the active audio media SIP dialog;

6.
if more than one SIP dialog with active audio media exist for the user identified in the P-Asserted-Identity header field and a SIP 2xx response has been sent for these dialogs then:

A.
if the SCC AS does not apply the MSC Server assisted mid-call feature, then the SCC AS may release all dialogs with audio media except the dialog with the most recently active audio media and continue the session transfer procedures with the active audio media SIP dialog; and

B.
if the SCC AS applies the MSC Server assisted mid-call feature, then: 

a.
if the Contact header field provided by the SC UE during establishment of the dialog with the second most recently active audio media does not include the feature-tag as specified in Annex Y, then the SCC AS may release all dialogs with audio media except the dialog with the most recently active audio media and continue the session transfer procedures with the active audio media SIP dialog; and

b.
if the Contact header field provided by the SC UE during establishment of the dialog with the second most recently active audio media includes the feature-tag as specified in Annex Y, the SCC AS may release all dialogs with audio media except two dialogs with the most recently active audio media and continue the session transfer procedures with the most recently active audio media SIP dialog;
7
if one or more SIP dialog exists for the user identified in the P-Asserted-Identity header field, no dialog exists where there is active audio media then:
A.
if a dialog exists where there is inactive audio media, a SIP 2xx response has been sent for that dialog, the Contact header field provided by the SC UE during establishment of the dialog includes the feature-tag as specified in Annex Y and the SCC AS applies the MSC Server assisted mid-call feature then the SCC AS may release all dialogs with audio media except the dialog with the audio media which became inactive most recently and continue the session transfer procedures with the inactive audio media SIP dialog; and

8.
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)
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]. If directionality of the audio media in the used SDP of the SIP dialog is sendonly or inactive, the SCC AS shall set the directionality of the audio media to sendonly or inactive in the SDP offer.

If the SCC AS applies the MSC Server assisted mid-call feature, two SIP dialogs with an audio media exist for the user identified in the P-Asserted-Identity header field and a SIP 2xx response has been sent for those dialogs then the SCC AS shall include in the SIP 2xx response to the SIP INVITE request due to static STN an access transfer information XML body as specified in Annex X containing information related to the SIP dialog other than the SIP dialog associated with the SIP INVITE request due to static STN.

Upon receiving the SIP ACK request from the IM CN subsystem, 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 SCC UE.

****************** change 10 ******************

9.3.3
SCC AS procedures for CS to PS session continuity

When the SCC AS receives a SIP INVITE request due to STI on the Target Access Leg, 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 SIP dialog. By an ongoing SIP dialog, it is meant a dialog for which a SIP 2xx response to the initial SIP INVITE request has been sent or received. Multiple dialogs associated with the same SCC 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 with inactive audio media, in which case the identification of the associated dialog is subject to the following conditions:

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

2.
if no SIP dialogs exist for the user identified in the P-Asserted-Identity header field where there is active audio media and a SIP 2xx response has been sent, then send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the session transfer;

3.
if 
A.
the SCC AS supports and is allowed to use the MSC Server assisted mid-call feature according to operator policy; and

B.
the Contact header field of the SIP INVITE request due to static STI includes the feature-tag as specified in Annex Y;

then SCC AS shall apply the MSC Server assisted mid-call feature. Otherwise the SCC AS shall not apply the MSC Server assisted mid-call feature;

4.
if more than one SIP dialog exists for the user identified in the P-Asserted-Identity header field, exactly one dialog exists where there is active audio media, a SIP 2xx response has been sent for that dialog then:

A.
if the SCC AS does not apply the MSC Server assisted mid-call feature, then the SCC AS may release the all dialogs with inactive audio media and continue the session transfer procedures with the active audio media SIP dialog; and
B.
if the SCC AS applies the MSC Server assisted mid-call feature then the SCC AS may release all dialogs with inactive audio media except the dialog with the audio media which became inactive most recently and continue the session transfer procedures with the active audio media SIP dialog;

5.
if more than one SIP dialog with active audio media exist for the user identified in the P-Asserted-Identity header field and a SIP 2xx response has been sent for these dialogs, then:

A.
if the SCC AS does not apply the MSC Server assisted mid-call feature then the SCC AS may release all such dialogs except the dialog with the most recently active audio media and continue the session transfer procedures with the active audio media SIP dialog; and

B.
if the SCC AS applies the MSC Server assisted mid-call feature then the SCC AS may release all such dialogs except two dialogs with the most recently active audio media, and continue the session transfer procedures with the most recently active audio media SIP dialog; 

6.
if one or more SIP dialog exists for the user identified in the P-Asserted-Identity header field, no dialog exists where there is active audio media, a dialog exists where there is inactive audio media, a SIP 2xx response has been sent for that dialog and the SCC AS applies the MSC Server assisted mid-call feature then the SCC AS may release all dialogs with inactive audio media except the dialog with the audio media which became inactive most recently and continue the session transfer procedures with the inactive audio media SIP dialog; and
7.
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].

If the SCC AS applies the MSC Server assisted mid-call feature, two SIP dialogs with an audio media exist for the user identified in the P-Asserted-Identity header field and a SIP 2xx response has been sent for those dialog, the SCC AS shall include in the SIP 2xx response to the SIP INVITE request due to static STI an access transfer information XML body as specified in Annex X containing information related to the SIP dialog other than the SIP dialog associated with the SIP INVITE request.

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 4xx response), the SCC AS shall release the target access leg and maintain the source access leg.

****************** change 11 ******************

9.4
MSC Server enhanced for ICS

9.4.1
MSC Server enhanced for ICS procedures for PS to CS session continuity

The MSC Server enhanced for ICS supporting the MSC Server assisted mid-call feature shall included in the Contact header field of the SIP INVITE request to the static STN the media feature-tag as described in annex Y.

NOTE:
If all the media in the SDP answer of the SIP 2xx response to the SIP INVITE request have inactive or recvonly directionality, the call is considered to be on hold.

Upon receiving a SIP 2xx response to the SIP INVITE request, if the MSC Server enhanced for ICS supports the MSC Server assisted mid-call feature and if an access transfer information XML body as specified in Annex X is included in the SIP response, then the MSC Server enhanced for ICS shall send a SIP INVITE request for an additional inactive session in accordance with the procedures specified in 3GPP TS 29.292 [x]. Additionally, the MSC Server enhanced for ICS shall populate the SIP INVITE request as follows:

1.
the Request-URI set to the static STN

2.
a Require header field populated with the option tag value "tdialog";

3.
a Target-Dialog header field containing the dialog identifier included in the access transfer information XML body

4.
include in the Contact header field the media feature-tag as described in annex Y; and

4.
the SDP offer with all media offered with sendonly or inactive directionality. 

****************** change 12 ******************

10.2.1
Full session transfer

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

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

2.
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;
B.
 the media feature tag g.3gpp.ics set to "principal" as specified in annex B of 3GPP TS 24.292 [4]; and

C.
if the SC UE uses the MSC Server assisted mid-call feature, the media feature-tag as described in annex Y;
3.
select one of the following options:

A.
if usage of SIP Replaces extension is selected:

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

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

B.
if usage of SIP Target-Dialog extension is selected:

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

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

4.
the SDP payload set for the media component(s) to be transferred, in accordance with the UE SDP origination procedures specified in 3GPP TS 24.229 [2]. The SDP shall contain the same number of media lines, each corresponding to one of the media components in the original session, unless media components need to be added. Each media line shall indicate the same media type as its corresponding media component in the original session and shall contain at least one codec that was negotiated during the original session. 

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

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

NOTE:
If an SC UE is an ICS UE with an ongoing session using CS bearer and Gm reference point for service control signalling, the SC UE can perform an access transfer of the service control signalling from the current IP-CAN to a new IP‑CAN with the same capabilities (i.e. supporting CS and PS bearers, simultanously) while retaining the media component in the CS access network, so that service continuity of the session is maintained.
Upon receiving SIP 2xx response for the SIP INVITE request sent over the Target Access Leg and sending SIP ACK request, if the dialog over the Source Access Leg is still active, the SC UE shall send a SIP BYE request to the SCC AS over the Source Access Leg to terminate the original session.

If the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request sent over the Target Access Leg, then PS-PS session continuity has not completed successfully and the call will continue in the Source Access Leg.
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10.2.2
Partial session transfer

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

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

2.
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;
B.
the media feature tag g.3gpp.ics set to "principal" as specified in annex B of 3GPP TS 24.292 [4];
C.
if the SC UE uses the MSC Server assisted mid-call feature, include the media feature-tag as described in annex Y;
3.
the Require header with the option tag “tdialog” included;

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

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

A.
If the SC UE determines to keep the media component on the Source Access Leg, then the media line for this media component shall include a port number with value zero; and

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

NOTE:
If an SC UE is an ICS UE with an ongoing session using CS bearer and Gm reference point for service control signalling, the SC UE can perform an access transfer of the service control signalling from the current IP-CAN to a new IP‑CAN with the same capabilities (i.e. supporting CS and PS bearers, simultanously) while retaining the media component in the CS access network, so that service continuity of the session is maintained.
Upon receiving SIP 2xx response for the SIP INVITE request sent over the Target Access Leg and sending SIP ACK request, the SC UE shall send a SIP re-INVITE request to the SCC AS over the Source Access Leg to update the original session. The SC UE shall populate the SIP re-INVITE request as follows:

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

If the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request sent over the Target Access Leg, then PS-PS session continuity has not completed successfully and the call will continue in the Source Access Leg.
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10.3.2
PS to PS Session Continuity Procedures at the SCC AS

When the SCC AS receives a SIP INVITE request on the Target Access Leg due to STI, the SCC AS shall:

· associate the SIP INVITE received on the Target Access Leg with an ongoing SIP dialog i.e. identify the Source Access Leg. The Source Access Leg is identified by matching the dialog ID present in the Replaces (see IETF RFC 3891 [10]) or Target Dialog header (see IETF RFC 4538 [11]) of the SIP INVITE with an ongoing 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;

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

· if the SIP INVITE request contains a Replaces header:

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

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

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

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

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

a)
void;

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;
2)
if the number of media lines in the Target Access Leg is the same or higher than the number of media lines in the Source Access Leg and the media types for the corresponding media lines are the same as in the original session, include a new SDP offer, following the rules specified in 3GPP TS 24.229 [2], containing the following media information:

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

-
for the media streams in the SIP INVITE request due to STI whose port is set to zero, include the corresponding media characteristics of those streams from the Source Access Leg, and
3)
if the number of media lines in the Target Access Leg is less than the number of media lines in the Source Access Leg or the media type for the corresponding media lines is not the same as in the original session, include the media characteristics as received in the SIP INVITE request due to the STI, by following the rules of the 3GPP TS 24.229 [2]; 

c)
after receiving the SIP ACK request from the SC UE on the Target Access Leg, upon receiving an update (e.g. SIP re-INVITE) from the SC UE on the Source Access Leg, process the update request in accordance with 3GPP TS 24.229 [2].

If, subsequent to initiating the SIP re-INVITE request to the remote UE, and prior to the SIP ACK request being received on the Target Access Leg, the SCC AS decides (for any reason) to reject the access transfer request (e.g. by sending a 4xx response), the SCC AS shall release the Target Access Leg, retain the Source Access Leg, and update the remote leg to match the Source Access Leg.
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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 use the MSC Server assisted mid-call feature, the SC UE shall replace the most recently active PS audio session with the newly established CS voice call.

NOTE: 
In the case when ICS is not supported or used and the SC UE does use the MSC Server assisted mid-call feature, only the most recently active audio call 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 full-duplex speech media as removed.

****************** change 16 ******************

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 the SC UE is not using ICS capabilities and the SC UE uses the MSC Server assisted mid-call feature then: 

1.
if two or more active PS audio sessions exist, the SC UE shall replace the PS audio with the newly established CS voice call in the two most recently active PS audio sessions;

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

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

4.
if no active PS audio session exists and one or more inactive PS audio sessions exist, the SC UE shall replace the PS audio with the newly established CS voice call in the most recently inactive PS audio session.

For each such session, the SC UE shall proceed as specified in subclause 12.2.3.
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Annex X (informative):
Access transfer information XML body

X.1
General

The access transfer information XML body is used to provide information about an additional established session from SCC AS to UE, to MSC enhanced for ICS or to MSC enhanced for SRVCC.
X.2
XML schema

The XML Schema for the Access transfer information XML body is defined in Table X.2.1.

Table X.2.1: IM CN subsystem Access transfer information XML body, XML Schema
<?xml version="1.0"?>

<xs:schema targetNamespace="urn:3gpp:ns:imscont:ati"

  xmlns:ati="urn:3gpp:ns:imscont:ati"

  xmlns:xs="http://www.w3.org/2001/XMLSchema"

  elementFormDefault="qualified"

  attributeFormDefault="unqualified">

  <xs:element name="ati" type="ati:accessTransferInfo"/>

  <xs:complexType name="accessTransferInfo">

    <xs:sequence>

      <xs:element name="aes" type="ati:otherSession" minOccurs="0" maxOccurs="1"/>

      <xs:any namespace="##other" processContents="lax" minOccurs="0" maxOccurs="unbounded"/>

    </xs:sequence>

    <xs:anyAttribute namespace="##other" processContents="lax"/>

  </xs:complexType>

  <xs:complexType name="otherSession">

    <xs:sequence>

      <xs:any namespace="##other" processContents="lax" minOccurs="0" maxOccurs="unbounded"/>

    </xs:sequence>

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

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

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

    <xs:attribute name="lUri" type="xs:anyURI"/>

    <xs:attribute name="rUri" type="xs:anyURI"/>

    <xs:anyAttribute namespace="##other" processContents="lax"/>

  </xs:complexType>

</xs:schema>

When an instance of the access transfer information XML schema is transported in a SIP request or SIP response, the MIME type for the CW information is described in subclause X.4. 
X.3
XML schema description

This subclause describes the elements of the access transfer information XML schema as defined in table X.2.1.

<ati>:
This element contains the access transfer information. 

<aes>:
This element contains STI of an additional established session of the UE. The 'i' attribute contains the Call-ID of the session. The 'lt' attribute contains the tag that would be viewed as the local tag from the perspective of the recipient of the instance of the XML schema. The 'rt' attribute contains the tag that would be viewed as the remote tag from the perspective of the recipient of the instance of the XML schema. The 'lUri' attribute contains the URI that would be viewed as the local identity from the perspective of the recipient of the instance of the XML schema. The 'rUri' attribute contains the URI that would be viewed as the remote identity from the perspective of the recipient of the instance of the XML schema. 
X.4
IANA registration

Editor’s note: The MIME type "application/vnd.3gpp.ati+xml" as defined in this subclause is to be registered in the IANA registry for Application Media Types based upon the following template.

MIME media type name: 

application

MIME subtype name: 

vnd.3gpp.ati+xml

Required parameters: 

None

Optional parameters: 

"charset"
the parameter has identical semantics to the charset parameter of the "application/xml" media type as specified in RFC 3023.

Encoding considerations: 

Same as encoding considerations of application/xml as specified in RFC 3023 [8]

Security considerations: 

3GPP has defined mechanisms for ensuring the privacy and integrity protection of the bodies of SIP messages used in the 3GPP IM CN Subsystem. 

Interoperability considerations: 

This content type provides a format for exchanging information in SIP requests and responses and is used within the 3GPP IM CN Subsystem.

Published specification: 

3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity"

Applications which use this media: 

Applications that use access transfer of 3GPP IM CN Subsystem as defined by 3GPP.

Intended usage: 

This content type provides a format for exchanging information during access transfer as used within the 3GPP IM CN Subsystem.
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Annex Y (normative):
Media feature tags defined within the current document

Y.1
General

This subclause describes the media feature tag definitions that are applicable for the 3GPP IM CN Subsystem for the realisation of the MSC Server assisted mid-call feature. 

Y.2
Definition of media feature tag g.3gpp.mam

Media feature-tag name: g.3gpp.mam

ASN.1 Identifier: 1.3.6.1.8.2.x

Editor's note:
The ASN.1 Identifier will need to be updated once the IANA registration is completed.

Summary of the media feature indicated by this tag: This feature-tag when used in a SIP request or a SIP response indicates that the function sending the SIP message supports the MSC Server assisted mid-call feature. 

Values appropriate for use with this feature-tag: none

The feature-tag is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature-tag is most useful in a communications application, for describing the capabilities of a device, such as a phone or PDA.

Examples of typical use: Indicating that a mobile phone supports the MSC Server assisted mid-call feature
Related standards or documents: 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

Security Considerations: Security considerations for this media feature-tag are discussed in subclause 12.1 of IETF RFC 3840 [34]. 

