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***** 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 or to a SIP INVITE request due to PS to CS STN 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 or to a SIP INVITE request due to PS to CS STN 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, a SIP INVITE request transferring additional session or a SIP INVITE request due to PS to CS STN, 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 *****
9.3.2
SCC AS procedures for PS to CS access transfer

This subclause does not apply to reception of a SIP INVITE request due to STI with CS media and other kind of media or without CS media.

When the SCC AS receives a SIP INVITE request due to STI with CS media only on the Target Access Leg, the SCC AS shall follow the procedures specified in subclause 10.3.2 with the following exceptions:

-
As the SIP INVITE request includes an active speech media component using CS bearer, then the SCC AS shall follow the procedures for SCC AS for service control over Gm in 3GPP TS 24.292 [4] to send the PSI DN to the SC UE and wait for the SC UE to set up CS bearer before sending a SIP re-INVITE request to the remote end.

-
The SCC AS shall correlate the STI with the allocated PSI DN in order to identify the remote leg to be updated.

When the SCC AS receives SIP INVITE request due to PS to CS STN, the SCC AS shall:

1)
associate the SIP INVITE request with an ongoing dialog supporting a session 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 or P-Asserted-Identity header field or Contact header field; or

NOTE 1:
By an ongoing dialog supporting a session, it is meant a dialog for which a SIP 2xx response to the initial SIP INVITE request has been sent or received.

2)
associate the SIP INVITE request with an dialog in an early phase supporting a session 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 or P-Asserted-Identity header field or Contact header field.
NOTE 2:
By a dialog in an early phase supporting a session is meant a dialog for which SIP 18x responses has been sent or received but no SIP 2xx response has yet been sent or received.
NOTE 3:
Multiple dialogs supporting a session associated with the same SC UE can have been anchored when the SCC AS receives a SIP INVITE request due to PS to CS STN. This can occur in the event that the UE does not succeed in releasing all dialogs supporting a session with inactive speech media component or if the UE applies the MSC Server assisted mid-call feature or if the SC UE applies the PS to CS dual radio access transfer of sessions in the pre-alerting or in the alerting phase.

The identification of the associated dialog is subject to the following conditions:

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

2.
if no ongoing dialogs supporting a session with active speech media component exist for the user identified in the P-Asserted-Identity header field and a SIP 2xx response has been sent and the SCC AS does not apply the MSC Server assisted mid-call feature as specified in subclause 9.3.2A, then send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the session transfer;

3.
if more than one ongoing dialog supporting a session with active speech media component exists for the user identified in the P-Asserted-Identity header field for which SIP 2xx responses have been sent, then the SCC AS shall perform session transfer procedures for the ongoing dialog that originates from the same device that initiated the received SIP INVITE request due to PS to CS 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 4:
Whether the dialog originates from the same UE as the received SIP INVITE request due to PS to CS STN is determined based on local information and information related to the correlation MSISDN or the GRUU of the originating user as determined via registration procedures as defined in subclause 6.3.

4.
if more than one ongoing dialog supporting a session exists for the user identified in the P-Asserted-Identity header field and exactly one dialog supporting a session with active speech media component exists and a SIP 2xx response has been sent for that dialog, then:

-
if the SCC AS does not apply the MSC Server assisted mid-call feature as specified in subclause 9.3.2A, then the SCC AS may release the ongoing dialogs supporting a session with inactive speech media component and continue the session transfer procedures with the ongoing dialog supporting a session with active speech media component; or

-
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;

5.
if more than one ongoing dialog supporting a session with active speech media component exist for the user identified in the P-Asserted-Identity header field and a SIP 2xx response has been sent for that dialog, then:

-
if the SCC AS does not apply the MSC Server assisted mid-call feature as specified in subclause 9.3.2A, the SCC AS may release all dialogs supporting a session with speech media component of the user identified in the P-Asserted-Identity header field for which a SIP 2xx response has been sent except the one with the active speech media component that was most recently made active and continue the session transfer procedures; or
-
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;

6.
if one ongoing dialog supporting a session with active speech media component where a SIP 2xx response has been sent for that dialog and if zero, one or more early dialogs created by the same SIP INVITE request exist for the user identified in the P-Asserted-Identity header field, then:

-
if the SCC AS does not apply the MSC Server assisted mid-call feature as specified in subclause 9.3.2A, continue the session transfer procedures with the ongoing dialog supporting a session with active speech media component as described in step A); or

7.
if no ongoing dialogs supporting a session with active speech media component where a SIP 2xx response has been sent towards the SC UE and zero, one or more early dialogs created by the same SIP INVITE request exist for the user identified in the P-Asserted-Identity header field, then:

-
if the conditions for applying the SCC AS procedures for PS to CS dual radio access transfer of calls in an early dialog phase as specified in subclause 9.3.5.1 are fulfilled, the SCC AS shall continue the session transfer procedure with the early session fulfilling the conditions in subclause 9.3.5.1; or

-
if the conditions for applying the SCC AS procedures for PS to CS dual radio access transfer of calls in an early dialog phase as specified in subclause 9.3.5.1 are not fulfilled, the SCC AS shall send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request relating to the session transfer.

NOTE 5:
The SC UE can have zero dialogs if all the early dialogs were terminated by the 199 (Early Dialog Terminated) response as described in IETF RFC 6228 [80].

If the session transfer procedure continues, the SCC AS shall:

A)
if a dialog in an early phase exists and if the conditions for applying the SCC AS procedures for PS to CS dual radio access transfer for calls in an early phase as specified in subclause 9.3.5.1 are not fulfilled, the SCC AS shall release the dialog in the early phase in accordance with 3GPP TS 24.229 [2];

B)
send a SIP re-INVITE request and populate the SIP re-INVITE request as follows:

1)
if the dialog to transfer is an ongoing dialog supporting a session with a speech media component:

a.
set the Request-URI to the URI contained in the Contact header field returned at the creation of the dialog with the remote UE;
b.
set the contact header field to the contact header field provided by the served UE at the creation of the dialog with the remote UE; and
c.
if the remote leg is not a precondition enabled dialog, a new SDP offer, including the media characteristics as received in the SIP INVITE request due to PS to CS STN but excluding any precondition mechanism specific SDP attributes, by following the rules of 3GPP TS 24.229 [2];
d.
following the rules of 3GPP TS 24.229 [2], include a new SDP offer, including:

-
the media characteristics as received in the SIP INVITE request due to PS to CS STN (including any precondition mechanism specific SDP attributes); and

-
if the SIP INVITE request due to PS to CS STN is not a precondition enabled initial SIP INVITE request, indicate preconditions as met, using the segmented status type, as defined in IETF RFC 3312 [88] and IETF RFC 4032 [89], as well as the strength-tag value "mandatory" for the local segment and the strength-tag value either "optional" or as specified in RFC 3312 [88] and RFC 4032 [89] for the remote segment; and

2)
if the dialog to transfer is an early dialog fulfilling the conditions in subclause 9.3.5.1 and if the SCC AS does not apply the MSC Server assisted mid-call feature as specified in subclause 9.3.2A:

a.
if the dialog is in the originating alerting phase, perform the actions in the subclause 9.3.5.2 and do not continue with the procedures in this subclause; and

b.
if the dialog is in the originating pre-alerting phase, perform the actions in the subclause 9.3.5.3 and do not continue with the procedures in this subclause; and

Upon receiving a SIP reliable provisional response to the SIP re-INVITE request and the reliable provisional SIP response contains an SDP answer, the SCC AS shall:

A.
if the SIP INVITE request due to PS to CS STN is a precondition enabled initial SIP INVITE request, forward the SIP response on the target access leg following the rules of 3GPP TS 24.229 [2];

B.
if the SIP INVITE request due to PS to CS STN is not a precondition enabled initial SIP INVITE request, forward the SIP 183 (Session Progress) response on the target access leg following the rules of 3GPP TS 24.229 [2] but remove from the SDP answer precondition mechanism specific SDP attributes;

C.
if the SCC AS supports the PS to CS dual radio access transfer of calls in alerting phase, include the g.3gpp.drvcc-alerting feature-capability indicator as described in annex C in the Feature-Caps header field according to IETF RFC 6809 [60]; and

D.
include the signalling elements described in subclause 6A.4.3A.

Upon receiving a PRACK to the SIP provisional response to the SIP INVITE request due to PS to CS STN, forward the SIP PRACK request towards the remote UE following the rules of 3GPP TS 24.229 [2].

Upon receiving a SIP 200 (OK) SIP response to the SIP PRACK request from the remote UE the SCC AS shall, forward the SIP response on the target access leg following the rules of 3GPP TS 24.229 [2].

Upon receiveing a SIP UPDATE request on the target access leg, the SCC AS shall forward the request towards the remote UE following the rules of 3GPP TS 24.229 [2].

Upon receipt of a SIP 200 (OK) response to the SIP UPDATE request, the SCC AS shall forward the SIP response on the target access leg following the rules of 3GPP TS 24.229 [2].
Upon receiving the SIP 2xx response to the SIP re-INVITE request the SCC AS shall:

1.
if a SIP 200 (OK) response to the SIP INVITE due to PS to CS STN has not been sent yet,

A.
send the SIP 200 (OK) response to the SIP INVITE request due to PS to CS STN on the target access leg. If the SIP 2xx response to the SIP re-INVITE request includes an SDP answer:
a.
if the SIP INVITE request due to PS to CS STN is a precondition enabled initial SIP INVITE request, use relevant media parameter of the SDP answer in the received SIP response, by following the rules of 3GPP TS 24.229 [2]; and

b.
if the SIP INVITE request due to PS to CS STN is not a precondition enabled initial SIP INVITE request, remove from the SDP answer precondition mechanism specific SDP attributes;
B.
if the SCC AS supports the PS to CS dual radio access transfer of calls in alerting phase, include the g.3gpp.drvcc-alerting feature-capability indicator as described in annex C in the Feature-Caps header field according to IETF RFC 6809 [60];

C.
include the signalling elements described in subclause 6A.4.3A;


Upon reception of the SIP ACK request to the the SIP 200 (OK) response to the SIP INVITE request due to PS to CS STN, the SCC AS shall send the SIP ACK request to the SIP 2xx response to the SIP re-INVITE request; 
2.
if the SIP 200 (OK) response to the SIP INVITE request due to PS to CS STN was already sent, the SCC AS shall send the SIP ACK request to the SIP 2xx response to the SIP re-INVITE request;
3.
remove non-transferred audio media components and release the source access leg for the session supporting an active speech media component as specified in subclause 9.3.6; and

4.
if the SCC AS supports dual radio access transfer for calls in an early phase and if the conditions specified in subclause 9.3.5.1 are fulfilled for transfer of a session in the pre-alerting phase or in the originating alerting phase, the SCC AS shall follow the procedures in the subclause 9.3.5.4 and do not continue with the procedures in this subclause.

If the SCC AS supports dual radio access transfer for calls in the alerting phase and if the conditions specified in subclause 9.3.5.1 are fulfilled for a dialog in the terminating alerting phase, the SCC AS shall follow the procedures in the subclause 9.3.5.5.

***** Next change *****
9.3.5.2
SCC AS procedures for PS to CS dual radio access transfer of a originating session in the alerting phase

When the SCC AS receives a SIP INVITE request due to PS to CS STN and if there are one or more dialogs in an early dialog phase supporting a session with active speech media component such that:

1)
all dialogs are early dialogs created by the same SIP INVITE request;

2)
a SIP 180 (Ringing) response to SIP INVITE request was received in at least one of those early dialogs;

3)
a g.3gpp.drvcc-alerting feature-capability indicator as described in annex C was included in a Feature-Caps header field by the SCC AS in the SIP 180 (Ringing) response; and

4)
the Contact header field in the initial SIP INVITE request sent by the SC UE towards the SCC AS included the g.3gpp.drvcc-alerting media feature tag as described in annex C,

then the SCC AS shall for each early dialog send an SIP UPDATE request towards the remote UE and populate each  SIP UPDATE request as follows:

1)
set the Request-URI set to the URI contained in the Contact header field returned at the creation of the dialog with the remote UE;
2)
the Contact header field set to the Contact header field provided by the served UE at the creation of the dialog with the remote UE; and
3)
a new SDP offer, including:
a)
if the remote leg is not a precondition enabled dialog, the media characteristics as received in the SIP INVITE request due to PS to CS STN but excluding any precondition mechanism specific SDP attributes, by following the rules of 3GPP TS 24.229 [2];

b)
if the remote leg is a precondition enabled dialog, include a new SDP offer including:

-
the media characteristics as received in the SIP INVITE request due to PS to CS STN (including any precondition mechanism specific SDP attributes); and

-
if the SIP INVITE request due to PS to CS STN is not a precondition enabled initial SIP INVITE request, indicate preconditions as met, using the segmented status type, as defined in IETF RFC 3312 [88] and IETF RFC 4032 [89], as well as the strength-tag value "mandatory" for the local segment and the strength-tag value either "optional" or as specified in RFC 3312 [88] and RFC 4032 [89] for the remote segment.

For each SIP 200 (OK) response to the SIP UPDATE request (triggered by the SIP INVITE request due to PS to CS STN) from a remote UE the SCC AS shall:

1)
if one of the following is true:

A)
if the remote leg is not a precondition enabled dialog;

B)
if the remote leg is a precondition enabled dialog, the SIP INVITE request due to PS to CS STN is a precondition enabled initial SIP INVITE request and both local and remote preconditions are met:


send a SIP provisional response to the SIP INVITE request due to PS to CS STN following the rules of 3GPP TS 24.229 [2] with the response code corresponding to the actual dialog state populated with:

-
an SDP answer based on the SDP answer received from the remote UE; and

-
the last received P-Early-Media header field, including the SIP 2xx response to the SIP UPDATE request, if a P-Early-Media has been received from the remote UE.
2)
if the remote leg is a precondition enabled dialog but all preconditions are not met, send a SIP 183 (Session Progress) response following the rules of 3GPP TS 24.229 [2] populated with:

-
if SIP INVITE request due to PS to CS STN is a precondition enabled initial SIP INVITE, an SDP answer based on the SDP answer received from the remote UE; and 

-
if SIP INVITE request due to PS to CS STN is not a precondition enabled initial SIP INVITE, an SDP answer based on the SDP answer received from the remote UE but excluding the precondition mechanism specific SDP attributes;  and
-
the last received P-Early-Media header field, including the SIP 2xx response to the SIP UPDATE request, if a P-Early-Media has been received from the remote UE.


Upon receipt of an SIP PRACK request on the target access leg send a SIP 200 (OK) response to the SIP PRACK request on the target access leg.

Upon receipt of a provisional SIP response from the remote UE forward the SIP provisional response on the target access leg following the rules of 3GPP TS 24.229 [2]. If the SIP INVITE request due to PS to CS STN is not a precondition enabled initial SIP INVITE remove any precondition mechanism specific SDP attributes from the SDP offer. Upon receipt of the SIP PRACK request on the target access leg, forward the SIP PRACK request towards the remote UE following the rules of 3GPP TS 24.229 [2]. 

Upon receipt of a SIP UPDATE request on the target access leg the SCC AS shall forward the SIP request to the remote UE following the rules of 3GPP TS 24.229 [2]. Upon receipt of a SIP 200 (OK) response to this SIP UPDATE request from the remote UE:

1)
forward the SIP response on the target access leg following the rules of 3GPP TS 24.229 [2]; and

2)
if both local and remote preconditions are met and if the remote leg is in the alerting phase, send a SIP 180 (Ringing) response following the rules of 3GPP TS 24.229 [2] with the last received P-Early-Media header field, including the SIP 2xx response to the SIP UPDATE request, if a P-Early-Media header field has been received from the remote UE.

Upon receipt of a SIP UPDATE request from the remote UE, the SCC AS shall forward the SIP request on the target access leg following the rules of 3GPP TS 24.229 [2] but if the SIP INVITE request due to PS to CS STN is not a precondition enabled initial SIP INVITE remove from the SDP answer the precondition mechanism specific SDP attributes. Upon receipt of a SIP 200 (OK) response to this SIP UPDATE request on the target access leg, the SCC AS shall:

1)
forward the SIP response towards the remote UE following the rules of 3GPP TS 24.229 [2]; and

2)
if both local and remote preconditions are met and if the remote leg is in the alerting phase, send a SIP 180 (Ringing) response on the target access leg with the last received P-Early-Media header field, including the SIP 2xx response to the SIP UPDATE request, if a P-Early-Media header field has been received from the remote UE.
The SCC AS shall remove non-transferred audio media components and release the source access leg as specified in subclause 9.3.6.
***** End changes *****
