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****************** change 2 ******************

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

Editor's note: it is FFS how the SC UE decide whether to use the MSC Server assisted mid-call feature or the ICS capabilities

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


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.
there is at least one ongoing active full-duplex speech session and the Contact header field provided by remote UE at the establishment of the ongoing active full-duplex speech session which has been most recently made active includes the media feature-tag as described in annex C.

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

1.
if there are two or more ongoing active full-duplex speech sessions: 

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

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

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

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

2.
if there is one ongoing active full-duplex speech session and one or more ongoing inactive full-duplex speech session, 

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

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

3.
if there is one ongoing active full-duplex speech session and no ongoing inactive full-duplex speech session, transfer the ongoing full-duplex speech session.
If the active full-duplex speech session is a conference session then the SC UE shall extract applicable conference participants of the session as specified in the subclause 8A.4.1 and associate the session and the extracted participants in the order as listed with the transaction identifiers 0, 2, 3, 4, 5.

If the active full-duplex speech session is not a conference session and the inactive full-duplex speech session is a conference session then the SC UE shall extract applicable conference participants of the inactive session as specified in the subclause 8A.4.1 and associate the inactive session and the extracted participants in the order as listed with the transaction identifiers 1, 2, 3, 4, 5.

If there is no active full-duplex speech session and the inactive full-duplex speech session is a conference session then the SC UE shall extract applicable conference participants of the session as specified in the subclause 8A.4.1 and associate the session and the extracted participants in the order as listed with the transaction identifiers 0, 2, 3, 4, 5.
****************** change 3 ******************

9.3.2A
SCC AS procedures for PS to CS access transfer with MSC server assisted mid-call feature

Editor's Note: Coexistence of the MSC Server assisted mid-call feature and ICS UE solution is FFS.

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

1.
the Contact header field of the SIP INVITE request due to static STN includes the feature-tag as specified in annex C;

2.
at least one active audio media dialog exists for the user identified in the P-Asserted-Identity header field and the Contact header field provided by the SC UE at the establishment of the active audio media dialog which has been most recently made active includes the media feature-tag as described in annex C

Editor's Note: the conditions for inclusion of the MSC Server assisted mid-call feature and for MSC Server assisted mid-call feature application are FFS 

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

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

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


If the SCC AS applies the MSC Server assisted mid-call feature and the Contact header provided by remote UE in the SIP dialog associated with the SIP INVITE request due to static STN contains the 'isfocus' feature tag as defined in IETF RFC 3840 [x3840],  then the SCC AS shall send a SIP INFO request towards the MSC Server in accordance with the procedures specified in 3GPP TS 24.229 [2] and draft-ietf-sipcore-info-events [T] 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 draft-ietf-sipcore-info-events [T] with package name as described in Annex Z;

2.
include application/conference-info+xml XML body as specified in IETF RFC 4575 [x4575]contaning the applicable conference participants as specified in the subclause 8A.4.1 of the subscription

A.
where P-Asserted-Identity header field of the served SC UE used at the establishment of the SIP dialog associated with the SIP INVITE request due to static STN is the same as the P-Asserted-Identity header field of the served SC UE used at the subscription;

B.
where Contact or P-Asserted-Identity header field of the remote UE used at the establishment of the SIP dialog associated with the SIP INVITE request due to static STN is the same as the Request-URI used at the subscription.

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, the Contact header provided by remote UE in the SIP dialog associated with the SIP INVITE request due to static STN does not contain the 'isfocus' feature tag as defined in IETF RFC 3840 [x3840], the Contact header provided by remote UE in the session with an audio media other than the session associated with the SIP INVITE request due to static STN contains the 'isfocus' feature tag as defined in IETF RFC 3840 [x3840], then the SCC AS shall send a SIP INFO request towards the MSC Server in accordance with the procedures specified in 3GPP TS 24.229 [2] and draft-ietf-sipcore-info-events [T] 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 draft-ietf-sipcore-info-events [T] with package name as described in Annex Z;

2.
include application/conference-info+xml XML body as specified in IETF RFC 4575 [x4575]contaning the applicable conference participants as specified in the subclause 8A.4.1 of the subscription

A.
where P-Asserted-Identity header field of the served SC UE used at the establishment of the session with an audio media other than the session associated with the SIP INVITE request due to static STN is the same as the P-Asserted-Identity header field of the served SC UE used at the subscription;

B.
where Contact or P-Asserted-Identity header field of the remote UE used at the establishment of the session with an audio media other than the session associated with the SIP INVITE request due to static STN is the same as the Request-URI used at the subscription.

****************** change 4 ******************
9.4.1
MSC Server enhanced for ICS procedures for PS to CS session continuity with MSC server assisted mid-call feature

Editor's Note: Coexistence of the MSC Server assisted mid-call feature and ICS UE solution is FFS.



Upon receiving the session state information and if the MSC Server enhanced for ICS supports the MSC Server assisted mid-call feature, 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 [18]. Additionally, the MSC Server enhanced for ICS shall populate the SIP INVITE request as follows:

1.
the Request-URI set to the remote URI of the held session;

2.
the Target-Dialog header field populated as specified in IETF RFC 4538 [11], containing the dialog identifier of the held session;

3.
the Require header field populated with the option tag value "tdialog";

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

5.
the SDP offer with all media offered with sendonly or inactive directionality.
Upon receiving a SIP INFO request containing Info-Package with package name as described in Annex Z, containing a MIME body of application/conference-info+xml MIME type and if the MSC Server enhanced for ICS supports the MSC Server assisted mid-call feature, then the MSC Server enhanced for ICS shall 

1.
if the remote UE included the 'isfocus' feature tag in the Contact header field in the session establishment as described in IETF RFC 3840 [x3840], then associate the SIP session and at maximum first 5 conference participants listed in the <user> elements of the application/conference-info+xml MIME body in the order as listed with the transaction identifiers 0, 2, 3, 4, 5.

2.
if the remote UE did not include the 'isfocus' feature tag in the Contact header field in the session establishment as described in IETF RFC 3840 [x3840], then associate the SIP session established by the SIP INVITE request for transfer of an additional inactive session not using ICS capabilities and at maximum first 5 conference participants listed in the <user> elements of the application/conference-info+xml MIME body in the order as listed with the transaction identifiers 1, 2, 3, 4, 5.

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

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

Editor's note:
When there is no active PS audio session and the inactive PS audio sessions exist, whether the inactive PS audio sessions need to be transferred is FFS.
then the SC UE shall apply the MSC Server assisted mid-call feature as follows:

1.
if two or more active PS audio sessions exist, the SC UE shall replace the PS audio components of the two most recently active PS audio sessions with the newly established active and held CS voice calls,
2.
if one active PS audio session exists and one or more inactive PS audio sessions exist, the SC UE shall replace the PS audio components of the active PS audio session and of the most recently inactive PS audio session with the newly established active and held CS voice calls;

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

Editor’s Note: It is FFS how to ensure that the UE and MSC Server would use the same transaction identifiers for the sessions.

For each session, the SC UE shall proceed as specified in subclause 12.2.3.
If the active full-duplex speech session is a conference session then the SC UE shall extract applicable conference participants of the session as specified in the subclause 8A.4.1 and associate the session and the extracted participants in the order as listed with the transaction identifiers 0, 2, 3, 4, 5.

If the active full-duplex speech session is not a conference session and the inactive full-duplex speech session is a conference session then the SC UE shall extract applicable conference participants of the inactive session as specified in the subclause 8A.4.1 and associate the inactive session and the extracted participants in the order as listed with the transaction identifiers 1, 2, 3, 4, 5.

If there is no active full-duplex speech session and the inactive full-duplex speech session is a conference session then the SC UE shall extract applicable conference participants of the session as specified in the subclause 8A.4.1 and associate the session and the extracted participants in the order as listed with the transaction identifiers 0, 2, 3, 4, 5.

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

Annex Z (informative):
INFO package for transfer of the conference information

Z.1
General

This clause describes the info package requirements as specified in draft-ietf-sipcore-info-events [T].
Applicability: This package is used to transport the conference information when the MSC Server assisted mid-call feature is invoked upon a conference session.

Info Package Name: g.3gpp.mid-call

Info Package Parameters: none

Info Package Tags: none

INFO Bodies: application/conference-info+xml

UAC generation of INFO requests: See 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

UAS processing of INFO requests: See 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

Rate of INFO Requests: single INFO request generated after session set up

IANA Registrations: none

Security Considerations: the INFO requests carrying the g.3gpp.mam info package data need to be sent over transport protocol with integrity protection and confidentiality protection.

Examples: See 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

