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***** Next change *****
6A.4.3
SIP INVITE responses towards the SC UE

When sending SIP 1xx response or SIP 2xx response to the SIP INVITE request towards the served user, the SCC AS shall populate the SIP response with a Feature-Caps header field according to IETF RFC 6809 [60] containing:

1)
if the session being established is anchored in SCC AS as described in subclause 4.2.2:

A)
include the g.3gpp.srvcc feature-capability indicator as described in annex C;

B)
if:

a)
the SCC AS supports the PS to CS SRVCC with the MSC server assisted mid-call feature according to operator policy;

b)
the g.3gpp.mid-call media feature tag as described in annex C is included in the Contact header field of the SIP INVITE request; and

c)
the SCC AS is aware:

-
by local policy; or

-
by ATCF indicating support of the PS to CS SRVCC with the MSC server assisted mid-call feature;

NOTE 1:
An ATCF can indicate support of the PS to CS SRVCC with 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 PS to CS SRVCC with the MSC server assisted mid-call feature;

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


include the g.3gpp.mid-call feature-capability indicator as described in annex C;

C)
if:

a)
the SCC AS supports the PS to CS SRVCC for calls in alerting phase according to operator policy;

b)
the g.3gpp.srvcc-alerting feature tag as described in annex C is included in the Contact header field of the SIP INVITE request; and

c)
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;

NOTE 4:
SCC AS can identify the network, where the UE is registered, based on the P-Visited-Network-Id header field and the P-Access-Network-Info header field of the SIP REGISTER request.


include the g.3gpp.srvcc-alerting feature-capability indicator as described in annex C;

D)
if:
a)
the SCC AS supports the PS to CS SRVCC for originating calls in pre-alerting phase and the PS to CS SRVCC for calls in alerting phase according to operator policy;

b)
the g.3gpp.ps2cs-srvcc-orig-pre-alerting media feature tag as described in annex C and the g.3gpp.srvcc-alerting media feature tag as described in annex C are included in the Contact header field of the SIP INVITE request due to originating filter criteria;

c)
the SCC AS is aware:

-
by local policy; or

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

NOTE 5:
An ATCF can indicate support of the PS to CS SRVCC for originating calls in pre-alerting phase by inclusion of the g.3gpp.ps2cs-srvcc-orig-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 PS to CS SRVCC procedures support the PS to CS SRVCC for originating calls in pre-alerting phase and the PS to CS SRVCC for calls in alerting phase; and

NOTE 6:
The SCC AS can identify the network where the UE is registered based on the P-Visited-Network-Id header field and the P-Access-Network-Info header field of the SIP REGISTER request.

d)
SIP 180 (Ringing) response to the SIP INVITE request has not been received yet;


include the g.3gpp.ps2cs-srvcc-orig-pre-alerting feature-capability indicator as described in annex C;

E)
include the g.3gpp.remote-leg-info feature-capability indicator as described in annex C;
2)
if the SCC AS supports the PS to CS dual radio access transfer for calls in alerting phase according to operator policy, and if the SIP INVITE request included the g.3gpp.drvcc-alerting media feature tag as described in annex C in the Contact header field, include the g.3gpp.drvcc-alerting feature-capability indicator as described in annex C;

3)
if:
A)
the SCC AS supports the PS to CS dual radio access transfer for originating calls in pre-alerting phase and the PS to CS dual radio access transfer for calls in alerting phase;

B)
the g.3gpp.ps2cs-drvcc-orig-pre-alerting media feature tag as described in annex C and the g.3gpp.drvcc-alerting media feature tag as described in annex C are included in the Contact header field of the SIP INVITE request; and
C)
SIP 180 (Ringing) response to the SIP INVITE request has not been received yet;


include the g.3gpp.ps2cs-drvcc-orig-pre-alerting feature-capability indicator as described in annex C; and

4)
if the SCC AS supports the use of dynamic STN according to operator policy, and if the Contact header field of the SIP INVITE request includes the g.3gpp.dynamic-stn media feature tag as described in annex C, include the g.3gpp.dynamic-stn feature-capability indicator as described in annex C with the dynamic STN.

NOTE 7:
Based on implementation the dynamic STN can either be the same or different per call.

Additionally, when sending SIP 1xx response or SIP 2xx response to the SIP INVITE request towards the served user, the SCC AS shall populate the SIP response with:

1)
if the session being established is anchored in SCC AS as described in subclause 4.2.2:
A)
if the SIP response is a SIP 2xx response, an Accept header field according to IETF RFC 3261 [19] containing the MIME type application/vnd.3gpp.state-and-event-info+xml as specified in subclause D.2.3; and
B)
a Recv-Info header field according to IETF RFC 6086 [54] containing the g.3gpp.state-and-event package name.
***** Next change *****
6A.4.3A
SIP INVITE responses towards the MSC server

When sending a SIP 1xx response or SIP 2xx response to a SIP INVITE request due to STN-SR and if a Contact header field was saved in subclause 7.3.2 or subclause 8.3.2, the SCC AS shall include the saved Contact header field of the remote UE.

When sending a SIP 2xx response to a SIP INVITE request due to STN-SR and if a P-Asserted-Identity header field was saved in subclause 7.3.2 or subclause 8.3.2, the SCC AS shall include the P-Asserted-Identity header field with the identity of the remote user saved in subclause 7.3.2 or subclause 8.3.2 along with the Privacy header field, if available.

When sending a SIP 2xx response to a SIP INVITE request transferring additional session and if a P-Asserted-Identity header field was saved in subclause 7.3.2 or subclause 8.3.2, the SCC AS shall include the P-Asserted-Identity header field with the identity of the remote user saved in subclause 7.3.2 or subclause 8.3.2 along with the Privacy header field, if available.
NOTE:
There are situations when the P-Asserted-Identity header field with the public user identity of the remote user can not be saved during the establishement of the communication, e.g. if presentation of the remote user public identity is restricted or if the user does not subscribe to the OIP or TIP service. In those situations the P-Asserted-Identity header field with a public user identity will not be delivered to the MSC server in the SIP 2xx response to the SIP INVITE due to STN-SR or the SIP INVITE request transferring additional session and can limit the supplementary services that the MSC server can use after SRVCC access transfer is completed.

When sending a SIP 1xx response or SIP 2xx response to a SIP INVITE request due to STN-SR, a SIP INVITE request due to ATU-STI or a SIP INVITE request transferring additional session, the SCC AS shall include:

1)
the g.3gpp.remote-leg-info feature-capability indicator as described in annex C in a Feature-Caps header field according to IETF RFC 6809 [60];

2)
if the SIP response is a SIP 2xx response, the Accept header field according to IETF RFC 3261 [19]containing the application/vnd.3gpp.state-and-event-info+xml MIME type; and
3)
the Recv-Info header field according to IETF RFC 6086 [54] containing the g.3gpp.state-and-event info package name.
***** Next change *****
7.3.2
Call origination procedures at the SCC AS

When the SCC AS receives a SIP INVITE request due to originating filter criteria, the SCC AS shall follow the SCC AS roles for call origination procedures specified in 3GPP TS 24.292 [4].

The SCC AS shall populate the SIP 1xx response or SIP 2xx response to the SIP INVITE request according to subclause 6A.4.3.

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 INVITE request due to originating filter criteria before forwarding the SIP INVITE request towards the remote UE.
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 the SIP INVITE request due to originating filter criteria before forwarding the SIP INVITE request towards the remote UE.
The SCC AS shall include the "tdialog" option tag and the "replaces" option tag in the Supported header field of SIP 2xx response to the SIP INVITE request due to originating filter criteria.

When the SCC AS receives any SIP 1xx response or SIP 2xx response to a SIP INVITE request due to originating filter criteria, the SCC AS shall:

1)
save the Contact header field included in the SIP 1xx response or SIP 2xx response;

2)
save the P-Asserted-Identity header field included in the SIP 2xx response; and

3)
if included in the SIP response, save the Privacy header field included in the SIP 2xx response.

NOTE:
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 Contact header field of the remote UE in SIP 1xx response or SIP 2xx response to the initial SIP INVITE request due to STN-SR.

