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* * * Begin 1st 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 1:
The capability of continuing ongoing communication sessions as a collaboration between different user equipments (UEs) is described in 3GPP TS 24.337 [64].
NOTE 2:
In this subclause, the term "PS-CS" is used as a general term to refer to bi-directional access transfer. When required to specify the direction for the access transfer, then the terms "PS to CS" and "CS to PS" are used.
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 transfer are 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.

In general, the SC UE supports the capabilities of this specification that it needs, see subclause 5.2. Annex X.2 provides a summary of how the capabilities described in this specification are communicated from the SC UE to the network.
Network equipment conforming with this specification is detailed in subclause 5.3 through subclause 5.7, with additional optional procedures specified in subclause 7 onwards, but may be summarised as follows:

1)
conforming networks support at least one of the following core functionalities:

a)
procedures for PS to CS dual radio access transfer, for a session with an active speech media component;

b)
procedures for PS-PS access transfer, for a session with an active speech media component;

c)
procedures for PS to CS SRVCC for a session with an active speech media component; or

d)
procedures for CS to PS dual radio access transfer, for a session with an active speech media component;

2)
for each of the core functionality in 1) above, access transfer for a session with an inactive speech media component may also be supported;

3)
for each of the core functionality in 1) above, access transfer for a session with conference control may also be supported;

4)
for each of the core functionality in 1) above, access transfer in the alerting phase with an active speech media component may also be supported. The alerting phase is applicable only for sessions where a SIP 180 (Ringing) response has been sent or received;

5)
if 4) is supported, then PS to CS SRVCC access transfer for originating calls in pre-alerting phase with an active speech media component may also be supported. This applies for an early dialog where a SIP 180 (Ringing) response has not been received;

6)
for each of the core functionality in 1) above, access transfer for a session with active speech media component and active video media component may also be supported. If access transfer for a session with active speech media component and active video media component is supported, then:

a)
access transfer in the alerting phase with an active speech media component and active video media component may also be supported. The alerting phase is applicable only for sessions where a SIP 180 (Ringing) response has been sent or received;

b)
if 6a) is supported, then PS to CS SRVCC for originating calls in pre-alerting phase with an active speech media component and an active video media component may also be supported. This applies for an early dialog where a SIP 180 (Ringing) response has not been received; and
7)
if 1) c) is supported, then CS to PS SRVCC access transfer for an active session with an active speech media component may also be supported. Within this capability, then:

a)
if 2) is supported, then access transfer for a session with an inactive speech media component may also be supported;

b)
if 3) is supported, then access transfer for a session with conference control may also be supported; and

c)
if 4) is supported, then access transfer in the alerting phase with an active speech media component may also be supported; and
x)
if 1) a) and 1) d) is supported, then dual radio access transfer for originating calls in pre-alerting phase with an active speech media component may also be supported. This applies for an early dialog where a SIP 180 (Ringing) response has not been received;
In addition to the above, the network can choose to support SRVCC with ATCF and ATGW functionality. For a roaming user, the ATCF allows service continuity to be executed in the visited network as opposed to the home network.

Annex X.3 provides a summary of how the SCC AS and ATCF communicate their support for the access transfer features described in this document, to the SC UE.
For a UE or an AS not supporting ICS procedures, PS-CS access transfer procedures enable transfer of

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

-
up to one full-duplex 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.

* * * Begin 2nd change * * *
5.3
Application Server (AS)

To be compliant with access transfer in this document, an AS shall implement the role of:

1)
an AS performing 3rd party call control acting as an routeing B2BUA as defined in 3GPP TS 24.229 [2]; and

2)
an SCC AS as follows: dependent on the desired functionality, one or more of the procedures according to subclause 6.3, subclause 6A.4, subclause 7.3, subclause 8.3, subclause 9.3, subclause 10.3, subclause 11.3, subclause 12.3, subclause 13.3 and subclause 20.1.
If the SCC AS receives a SIP INVITE request:

-
with either the Replaces header field (see IETF RFC 3891 [10]) or the Target Dialog header field (see IETF RFC 4538 [11]), indicating a dialog identifier of a session belonging to the subscribed user; and

-
with the Request-URI not containing the additional transferred session SCC AS URI;

and the SCC AS does not support the procedures for performing PS to PS access transfer specified in subclause 10.3, then the SCC AS shall send a SIP 403 (Forbidden) response to the SIP INVITE request, with a Reason header field containing protocol "SIP" and reason-text set to "PS to PS access transfer not supported".

The SCC AS also handles SDP media description conflicts according to subclause 6A.5.

* * * Begin 3rd change * * *
Annex X (informative):
Indication of support for access transfer features

X.1
Introduction

This annex describes how support is indicated for theaccess transfer features described in this document. Specifically:
-
How the SC UE indicates support to the network; and
-
How the SCC AS and ATCF indicate support to the SC UE.
X.2
SC UE indications of support of access transfer features towards the network

Table X.2-1: SC UE indications of support of access transfer features to the network

	Access Transfer Feature (NOTE 1)
	 SC UE indication of support to the network

	PS to CS SRVCC (Single Active Call)
	The SC UE includes a capability indicator (included by the lower layers) during UE attach and updating procedures (see 3GPP TS 24.301 [52] and 3GPP TS 24.008 [8]).

	PS to CS SRVCC with MSC server assisted mid-call feature


	The SC UE includes the "g.3gpp.mid-call" media feature tag in the Contact header of the initial SIP INVITE request.

Upon receiving a SIP INVITE request including the g.3gpp.mid-call feature-capability indicator in the Feature-Caps header field, the SC UE includes the "g.3gpp.mid-call media feature" tag in the Contact header field of the SIP 2xx response. 

	PS to CS SRVCC for calls in alerting phase
	The SC UE includes the "g.3gpp.srvcc-alerting" media feature tag in the Contact header of the initial SIP INVITE request.

Upon receiving a SIP INVITE request including the "g.3gpp.srvcc-alerting" feature-capability indicator in the Feature-Caps header field, the SC UE includes the "g.3gpp.srvcc-alerting" media feature tag in the Contact header field of the SIP1xx and SIP 2xx responses.

	PS to CS SRVCC for originating calls in pre-alerting phase
	The SC UE includes the "g.3gpp.srvcc-orig-pre-alerting" media feature tag in the Contact header of the initial SIP INVITE request.

	CS to PS SRVCC (Single Active Call)
	The SC UE includes a capability indicator (included by the lower layers) during UE attach and updating procedures (see 3GPP TS 24.008 [8]) in order to inform the BSS of CS to PS SRVCC support from GERAN.
The SC UE includes the "g.3gpp.cs2ps-srvcc" media feature tag in the Contact header field of the SIP REGISTER request.

	CS to PS SRVCC with MSC server assisted mid-call feature
	The SC UE includes an Accept header in the SIP INVITE request due to STI-rSR containing the application/vnd.3gpp.mid-call+xml MIME type for support of the additional session transfer.

	CS to PS SRVCC for calls in the alerting phase
	The SC UE includes the "g.3gpp.cs2ps-srvcc-alerting" media feature tag in the Contact header field of the SIP REGISTER request. 
The SC UE includes an Accept header in the SIP INVITE request due to STI-rSR containing the application/vnd.3gpp.state-and-event-info+xml for support of the alerting session transfer.

	PS to CS dual radio access transfer (single active call)


	For support of access transfer for an SC UE without ICS capabilities, the SC UE uses a dynamic STN for the access transfer if it supports the use of dynamic STN and receives the dynamic STN from the SCC AS. Otherwise, the SC UE uses a static STN.
The SC UE indicates support for the dynamic STN by including the "g.3gpp.dynamic-stn" media feature tag in the Contact header of the initial SIP INVITE request and in the Contact header of SIP 1xx and SIP 2xx responses to the SIP INVITE request. 

Upon receiving the dynamic STN in the "g.3gpp.dynamic-stn" feature-capability indicator in the Feature-Caps header field of a SIP INVITE request, SIP 1xx or SIP 2xx response, and the SC supports the use of the dynamic STN, the SC UE replaces the static STN with the dynamic STN.

	PS to CS dual radio access transfer with MSC server assisted mid-call feature
	The SC UE includes the "g.3gpp.mid-call" media feature tag in the Contact header of the initial SIP INVITE request.

Upon receiving a SIP INVITE request including the "g.3gpp.mid-call" feature-capability indicator in the Feature-Caps header field, the SC UE includes the "g.3gpp.mid-call media" feature tag in the Contact header field of the SIP 2xx response.

	PS to CS dual radio access transfer for calls in alerting phase
	The SC UE includes the "g.3gpp.drvcc-alerting" media feature tag in the Contact header of the initial SIP INVITE request.

Upon receiving a SIP INVITE request including the "g.3gpp.drvcc-alerting" feature-capability indicator in the Feature-Caps header field, the SC UE includes the "g.3gpp.drvcc-alerting media" feature tag in the Contact header field of all SIP 18x responses to the SIP INVITE request.

	PS to CS dual radio access transfer for originating calls in pre-alerting phase
	The SC UE includes the "g.3gpp.ps2cs-drvcc-orig-pre-alerting" media feature tag in the Contact header field of the initial SIP INVITE request.

	CS to PS dual radio access transfer (single active call)
	The SC UE uses a dynamic STI for the access transfer if it is configured to use ICS capabilities. Otherwise, the SC UE uses a static STI.

	CS to PS dual radio access transfer with MSC server assisted mid-call feature
	The SC UE includes an Accept header in the SIP INVITE request for static STI containing the application/vnd.3gpp.mid-call+xml MIME type, for support of the additional session transfer.

	CS to PS dual radio access transfer for calls in the alerting phase
	The SC UE (not using ICS capabilities) includes the "g.3gpp.cs2ps-drvcc-alerting" media feature tag in the Contact header field of the SIP INVITE request for static STI.

	CS to PS dual radio access transfer for originating calls in the pre-alerting phase
	The SC UE (not using ICS capabilities) includes the "g.3gpp.cs2ps.drvcc-orig-pre-alerting" media feature tag in the Contact header field of the SIP INVITE request for static STI. 

	PS to PS acess transfer
	When the "PS to PS STI" is configured, the SC UE includes the "g.3gpp.pstops-sti" media feature tag in the Contact header field of a SIP REGISTER request.

	NOTE 1:
ICS capabilities can be used by the SC UE for support of access transfer. Configuration for ICS is specified in 3GPP TS 24.292 [4].


X.3
Network indications of support of access transfer features towards the SC UE

Table X.3-1: Network indications of support of access transfer features to the SC UE

	Access Transfer Feature

 
	 SCC AS and ATCF indication of support to the SC UE

	PS to CS SRVCC (Single Active Call)
	The SCC AS indicates to the SC UE that a session is anchored in the SCC AS by including the "g.3gpp.srvcc" feature capability indicator in the Feature-Caps header field of an initial SIP INVITE request and in a SIP 1xx or 2xx response to an initial SIP INVITE request towards the SC UE. 

When the ATCF decides to include itself for access transfer of sessions, then upon receiving a SIP 2xx response to the SIP REGISTER request sent from the SC UE, the ATCF includes the g.3gpp.atcf feature-capability indicator containing the STN-SR allocated to ATCF in the Feature-Caps header field.


	PS to CS SRVCC with MSC server assisted mid-call feature


	The SCC AS includes the "g.3gpp.mid-call" feature-capability indicator in the Feature-Caps header field of an initial SIP INVITE request due to terminating filter criteria towards the SC UE.

Upon receiving a SIP INVITE request due to originating filter criteria including the "g.3gpp.mid-call" media feature tag in the Contact header field, the SCC AS includes the "g.3gpp.mid-call" capability indicator in the Feature-Caps header field of the SIP 2xx response.



	PS to CS SRVCC for calls in alerting phase
	The SCC AS includes the "g.3gpp.srvcc-alerting" feature-capability indicator in the Feature-Caps header field of an initial SIP INVITE request due to terminating filter criteria towards the SC UE.

Upon receiving a SIP INVITE request due to originating filter criteria including the "g.3gpp.srvcc-alerting" media feature tag in the Contact header field, the SCC AS includes the "g.3gpp.srvcc-alerting" capability indicator in the Feature-Caps header field of the SIP 1xx and SIP 2xx responses.



	PS to CS SRVCC for originating calls in pre-alerting phase
	Upon receiving a SIP INVITE request due to originating filter criteria including the "g.3gpp.srvcc-orig-pre-alerting" media feature tag in the Contact header field, the SCC AS includes the "g.3gpp.srvcc-orig-pre-alerting" capability indicator in the Feature-Caps header field of the SIP 1xx and SIP 2xx responses.



	CS to PS SRVCC (Single Active Call)
	Upon receiving a SIP REGISTER request including the "g.3gpp.cs2ps-srvcc" media feature tag in the Contact header field, then on receiving the SIP 2xx response to the SIP REGISTER request, the ATCF includes the "g.3gpp.cs2ps-srvcc" feature-capability indicator in the Feature-Caps header field of the SIP 2xx response.


	CS to PS SRVCC with MSC server assisted mid-call feature
	None.



	CS to PS SRVCC for calls in alerting phase
	None.

	PS to CS dual radio access transfer (single active call)


	For support of access transfer for an SC UE without ICS capabilities the SC UE is configured with a static STN as defined in the Communication Continuity Management Object in 3GPP TS 24.216 [5]. However, the SCC AS can send a dynamic STN to the SC UE to replace the static STN.

Upon receiving a SIP INVITE request due to originating filter criteria including the "g.3gpp.dynamic-stn" media feature tag in the Contact header field, and the SCC AS supports use of the dynamic STN, the SCC AS includes the dynamic STN in the "g.3gpp.dynamic-stn" feature-capability indicator in the Feature-Caps header field of SIP 1xx and SIP 2xx responses.

Upon receiving a SIP INVITE request due to terminating filter criteria, and the SCC AS supports use of the dynamic STN, the SCC AS includes the dynamic STN in the "g.3gpp.dynamic-stn" feature-capability indicator in the Feature-Caps header field of the SIP INVITE request towards the SC UE.

	PS to CS dual radio access transfer with MSC server assisted mid-call feature
	The SCC AS includes the "g.3gpp.mid-call" feature-capability indicator in the Feature-Caps header field of an initial SIP INVITE request due to terminating filter criteria towards the SC UE.

Upon receiving a SIP INVITE request due to originating filter criteria including the "g.3gpp.mid-call" media feature tag in the Contact header field, the SCC AS includes the "g.3gpp.mid-call" capability indicator in the Feature-Caps header field of the SIP 2xx response.

	PS to CS dual radio access transfer for calls in alerting phase
	The SCC AS includes the "g.3gpp.drvcc-alerting media" feature-capability indicator in the Feature-Caps header field of an initial SIP INVITE request due to terminating filter criteria towards the SC UE.

Upon receiving a SIP INVITE request due to originating filter criteria including the 
"g.3gpp.drvcc-alerting media" feature tag in the Contact header field, the SCC AS includes the "g.3gpp.drvcc-alerting" feature-capability indicator in the Feature-Caps header field of SIP 1xx and 2xx responses.

	PS to CS dual radio access transfer for originating calls in pre-alerting phase
	Upon receiving a SIP INVITE request due to originating filter criteria including the "g.3gpp.ps2cs-drvcc-orig-pre-alerting" media feature tag in the Contact header field of the initial SIP INVITE request, the SCC AS includes the "g.3gpp.ps2cs-drvcc-orig-pre-alerting" feature-capability indicator in the Feature-Caps header field of SIP 1xx and 2xx responses.

	CS to PS dual radio access transfer (single active call)
	For support of access transfer for an SC UE without ICS capabilities, the SC UEis configured with a static STI as defined in the Communication Continuity Management Object in 3GPP TS 24.216 [5]. For support of access transfer for an SC UE with ICS capabilities, the SCC AS assigns a dynamic STI.

	CS to PS dual radio access transfer with MSC server assisted mid-call feature
	Upon receiving a SIP INVITE request due to static STI containing the"g.3gpp.mid-call" media feature tag and further upon receiving the 2xx response to the SIP re-INVITE request (that was sent to the remote UE) the SCC AS includes the "g.3gpp.mid-call" feature-capability indicator in the Feature-Caps header field of the SIP 2xx response.

	CS to PS dual radio access transfer for calls in the alerting phase
	Upon receiving a SIP INVITE request due to static STI containing the "g.3gpp.cs2ps-drvcc-alerting" media feature tag and further upon receiving the 2xx response to the SIP re-INVITE request (that was sent to the remote UE), the SCC AS includes the "g.3gpp.cs2ps-drvcc-alerting" feature-capability indicator in the Feature-Caps header field of the SIP 2xx response to the SIP INVITE request due to static STI.

	CS to PS dual radio access transfer for originating calls in the pre-alerting phase
	Upon receiving a SIP INVITE request due to static STI containing the "g.3gpp.cs2ps.drvcc-orig-pre-alerting " media feature tag and further upon receiving the 2xx response to the SIP re-INVITE request (that was sent to the remote UE), the SCC AS includes the "g.3gpp.cs2ps.drvcc-orig-pre-alerting " feature-capability indicator in the Feature-Caps header field of the SIP 2xx response to the SIP INVITE request due to static STI. 

	PS to PS acess transfer
	The SC UE is configured with a "PS to PS STI" as defined in the Communication Continuity Management Object (MO) in 3GPP TS 24.216 [5].


* * * End changes * * *
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