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***************   First 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 feature-capability indicator, as described in annex C, in the Feature-Caps 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 according to IETF RFC 3840 [53].
1a)
If the SC UE supports the PS to CS SRVCC for calls in alerting phase, and the receiving SIP INVITE request includes the g.3gpp.srvcc-alerting feature-capability indicator as described in annex C in a Feature-Caps 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 1xx and SIP 2xx responses to the SIP INVITE request according to IETF RFC 3840 [53].
1b)
If the SC UE supports the PS to CS SRVCC for terminating calls in pre-alerting phase, and the receiving SIP INVITE request includes the g.3gpp.ps2cs-srvcc-term-pre-alerting feature-capability indicator as described in annex C in a Feature-Caps header field, the SC UE shall include the g.3gpp.ps2cs-srvcc-term-pre-alerting media feature tag as described in annex C in the Contact header field of the SIP 1xx and SIP 2xx responses to the SIP INVITE request according to IETF RFC 3840 [53].
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 1:
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: and
-
E-UTRAN, the IMSVoPS indicator indicates that voice is not supported, and no persistent EPS bearer context exists at the SC UE; 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 SC UE 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 2:
The second case is to cover the possibility that requests can arrive out of the order that they were sent. 

If the SC UE supports the use of dynamic STN, the SC UE shall include the g.3gpp.dynamic-stn media feature tag according to annex C in the Contact header field of SIP 1xx and SIP 2xx responses according to IETF RFC 3840 [53].

If the SC UE supports PS to CS dual radio access transfer of calls in alerting phase and if the g.3gpp.drvcc-alerting feature-capability indicator is included in the SIP INVITE request, the SC UE shall include in all SIP 18x responses to the SIP INVITE request, the g.3gpp.drvcc-alerting media feature tag as described in annex C in the Contact header field according to IETF RFC 3840 [53].
***************   Next Change   ***************

8.3.2
Call termination procedures in the SCC AS

When the SCC AS receives a SIP INVITE request due to terminating filter criteria, the SCC AS shall:

1)
follow the SCC AS roles for call termination procedures specified in 3GPP TS 24.292 [4];

2)
save the Contact header field included in the terminating SIP INVITE request;

2)
save the P-Asserted-Identity header field included in the terminating SIP INVITE request; and

3)
if included in the response, save the Privacy header field included in the terminating SIP INVITE request.

NOTE 1:
If the SCC AS subsequently receives an initial SIP INVITE request due to STN-SR, the SCC AS will include the saved P-Asserted-Identity in the SIP 2xx response to the initial SIP INVITE request due to STN-SR and the saved the Contact header field of the remote UE in its SIP 1xx responses and the SIP 200 (OK) response to the initial SIP INVITE request due to STN-SR.

If:

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

2.
the SCC AS is aware:

-
by local policy; or

-
by ATCF indicating support of the MSC server assisted mid-call feature;

NOTE 2:
An ATCF can indicate support of the MSC server assisted mid-call feature by inclusion of the g.3gpp.mid-call feature-capability indicator in the Feature-Caps header field, with the g.3gpp.atcf feature-capability indicator, in the SIP REGISTER request that created the binding of the SC UE.


that all MSC Servers in the network where the UE is registered which can be involved in the PS to CS SRVCC procedures support the MSC Server assisted mid-call feature;

then the SCC AS shall include the g.3gpp.mid-call feature-capability indicator, as described in annex C, in the Feature-Caps header field of the SIP INVITE request due to terminating filter criteria according to IETF RFC 6809 [60].

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

If:

1.
the SCC AS supports the PS to CS SRVCC for calls in alerting phase according to operator policy; and

2.
the SCC AS is aware:

-
by local policy; or

-
by ATCF indicating support of the PS to CS SRVCC for calls in alerting phase;

NOTE 3:
An ATCF can indicate support of the PS to CS SRVCC for calls in alerting phase by inclusion of the g.3gpp.srvcc-alerting feature-capability indicator in the Feature-Caps header field, with the g.3gpp.atcf feature-capability indicator, in the SIP REGISTER request that created the binding of the SC UE. 


that all MSC Servers in the network where the UE is registered which can be involved in the PS to CS SRVCC procedures support the PS to CS SRVCC for calls in alerting phase;

then the SCC AS shall include the g.3gpp.srvcc-alerting feature-capability indicator as described in annex C in the Feature-Caps header field of the SIP INVITE request due to terminating filter criteria according to IETF RFC 6809 [60].
If:

1.
the SCC AS supports the PS to CS SRVCC for terminating calls in pre-alerting phase according to operator policy; and

2.
the SCC AS is aware:

-
by local policy; or

-
by ATCF indicating support of the PS to CS SRVCC for terminating calls in pre-alerting phase;

NOTE 4:
An ATCF can indicate support of the PS to CS SRVCC for terminating calls in pre-alerting phase by inclusion of the g.3gpp.ps2cs-srvcc-term-pre-alerting feature-capability indicator in the Feature-Caps header field, with the g.3gpp.atcf feature-capability indicator, in the SIP REGISTER request that created the binding of the SC UE. 


that all MSC Servers in the network where the UE is registered which can be involved in the PS to CS SRVCC procedures support the PS to CS SRVCC for terminating calls in pre-alerting phase;

then the SCC AS shall include the g.3gpp.ps2cs-srvcc-term-pre-alerting feature-capability indicator as described in annex C in the Feature-Caps header field of the SIP INVITE request due to terminating filter criteria according to IETF RFC 6809 [60].
If the SCC AS supports the PS to CS SRVCC for calls in alerting phase according to operator policy, the SCC AS shall remove the g.3gpp.srvcc-alerting media feature tag as described in annex C from SIP 1xx and SIP 2xx responses to the SIP INVITE request due to terminating filter criteria before forwarding the SIP 1xx and SIP 2xx responses towards the remote UE.
If the SCC AS supports the PS to CS SRVCC for terminating calls in pre-alerting phase according to operator policy, the SCC AS shall remove the g.3gpp.ps2cs-srvcc-term-pre-alerting media feature tag as described in annex C from SIP 1xx and SIP 2xx responses to the SIP INVITE request due to terminating filter criteria before forwarding the SIP 1xx and SIP 2xx responses towards the remote UE.
If the SCC AS supports the PS to CS dual radio access transfer for calls in alerting phase according to operator policy, the SCC AS shall include the g.3gpp.drvcc-alerting feature-capability indicator as described in annex C in the Feature-Caps header field of the SIP INVITE request due to terminating filter criteria according to IETF RFC 6809 [60].

If the SCC AS supports the use of dynamic STN according to operator policy, the SCC AS shall include an E.164 number as the dynamic STN for this session and include this dynamic STN in the g.3gpp.dynamic-stn feature-capability indicator with the dynamic STN as described in annex C in a Feature-Caps header field in the SIP INVITE request according to IETF RFC 6809 [60].

NOTE 5:
The dynamic STN can either be the same or different per call based on implementation.

The SCC AS shall include the "tdialog" option tag and the "replaces" option tag in the Supported header field of the SIP INVITE request due to terminating filter sent toward the SC UE.

