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****************** change 1 ******************
12.7.1
Distinction of requests

The ATCF needs to distinguish the following initial SIP requests:

1)
SIP INVITE requests containing the STN-SR allocated to the ATCF in the Request-URI and:

-
not containing any Route header field; or

-
containing a URI in the topmost Route header field other than the ATCF URI for originating requests and other than the ATCF URI for terminating requests. 


In the procedures below, such requests are known as "SIP INVITE requests due to STN-SR".
x)
SIP INVITE requests contaning the ATCF management URI in the Request-URI and:

-
not containing Route header field;

-
or containing a URI in the topmost Route header field other than the ATCF URI for originating requests and other than the ATCF URI for terminating requests.
In the procdures below, such requests are known as "SIP INVITE requests due to media transfer from MSC Server to ATGW".
****************** change 2 ******************
12.7.x.d
Transfer of session with active speech media component not anchored in ATGW
In order to transfer the determined session being transferred with the speech media component not anchored in ATGW, the ATCF shall:

NOTE 1:
At this point, ATCF interacts with ATGW to reserve resources and provide the information needed in the procedures below. The details of interaction between ATCF and ATGW are out of scope of this document.

1)
for each registration path(s), which have the C-MSISDN equal to the C-MSISDN associated with the session of the SIP INFO request carrying the session transfer notification request, set:

A)
the CS to PS SRVCC access transfer in progress flag (see subclause 6A.3.1); and

B)
the home leg of the session being transfered by CS to PS SRVCC (see subclause 6A.3.1) to the dialog identifier of the home leg of the determined session being transferred; and

2)
send a SIP INFO request within the dialog of the SIP INFO request carrying the session transfer notification request according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP INFO request with:

A)
Info-Package header field with value g.3gpp.access-transfer-events; and

B)
application/vnd.g.3gpp.access-transfer-events+xml MIME body:

a)
indicating the session transfer notification response;

b)
indicating that the ATGW requires MSC server to redirect the speech media component of the session transferred by the CS to PS SRVCC access transfer; and
c)
containing the ATGW transfer details.
Upon receiving a SIP INVITE request due to meida transfer from MSC server to ATGW, the ATCF shall:

1)
send a SIP 200 (OK) response to the SIP INVITE request according to 3GPP TS 24.229 [2].
Editor's note [WID rSRVCC-CT CR#0674]:
How the ATCF associate the SIP request due to meida transfer from MSC server to ATGW with the session to be transferred is FFS.
NOTE 2:
At this point, ATCF interacts with ATGW to establish the media bearer between MGW and ATGW. The details of interaction between ATCF and ATGW are out of scope of this document.
Upon receiving the SIP INFO request carrying session transfer preparation, the ATCF shall:
1)
send SIP 200 (OK) response to the SIP INFO request according to 3GPP TS 24.229 [2].

NOTE 3:
At this point, the ATCF interacts with the ATGW to start forwarding the audio media from the remote UE towards the SC UE according to the SC UE information for CS to PS SRVCC (see 6A.3.1). The details of interaction between the ATCF and the ATGW are out of scope of this document.

NOTE 4:
At this point, the ATCF interacts with the ATGW to start forwarding the audio media received at the IP address and port provided in the ATGW transfer details according to the ATGW information for CS to PS SRVCC (see 6A.3.1) towards the remote UE. The details of interaction between the ATCF and the ATGW are out of scope of this document.
Upon receiving a SIP INVITE request due to STI-rSR and if: 
1)
the CS to PS SRVCC access transfer in progress flag (see subclause 6A.3.1) of the registration path of the SIP INVITE request due to STI-rSR is set; and

2)
the home leg of the session being transfered by CS to PS SRVCC (see subclause 6A.3.1) of the registration path of the SIP INVITE request due to STI-rSR is set;

the ATCF shall:

NOTE 5:
At this point, the ATCF interacts with the ATGW to provide information needed in the procedures below and to request the ATGW to forward the audio media of the session being transferred from the remote UE to the SC UE. The details of interaction between the ATCF and the ATGW are out of scope of this document.

1)
send a SIP 200 (OK) response to the received SIP INVITE request due to STI-rSR according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP 200 (OK) response with: 

A)
the Contact header field of the remote UE of the home leg of the session being transfered by CS to PS SRVCC; 

B)
the Feature-Caps header fields received in the home leg of the session being transfered by CS to PS SRVCC; 

C)
the Accept header fields received in the home leg of the session being transfered by CS to PS SRVCC; 

D)
the Recv-Info header fields received in the home leg of the session being transfered by CS to PS SRVCC; 

E)
all header fields received in the home leg of the session being transfered by CS to PS SRVCC, which contain option tag(s);

F)
the P-Asserted-Identity header field received in the home leg of the session being transfered by CS to PS SRVCC;

G)
the Privacy header fields received in the home leg of the session being transfered by CS to PS SRVCC;

H)
the Record-Route header field that contains only the SIP URI pointing to the ATCF;

I)
the SDP answer that includes the ATGW ports and the IP addresses as provided by the ATGW; and

J)
the P-Charging-Vector header field as specified in subclause 5.7.5.1 and in addition include the "related-icid" header field parameter containing the ICID value of the source access leg in the P-Charging-Vector header field; 

Editor's note [WID rSRVCC-CT CR#0674]:
The exact details of the parameter name and coding is FFS and depending on the ongoing work with RFC 3455bis.

Editor's note [WID rSRVCC-CT CR#0674]:
It is FFS whether SC UE associates the transferred session statically or whether ATCF needs to indicate the transaction identifier of the transferred session to SC UE

NOTE 6:
At this point the ATCF requests the ATGW to forward the audio media from the SC UE to the remote UE. The details of interaction between the ATCF and the ATGW are out of scope of this document.
2)
initiate a new dialog toward the SCC AS (i.e. a target access leg) by sending an initial SIP INVITE request due to ATU-STI for CS to PS SRVCC. The ATCF shall populate the SIP INVITE request with:

A)
the SDP offer containing the media with the ATGW ports and IP addresses towards the remote UE as provided by the ATGW. The ATCF shall include in the SDP offer only the media of the media types offered in the received SIP INVITE request due to STI-rSR;

B)
the Request-URI containing the ATU-STI for CS to PS SRVCC (see subclause 6A.3.1) previously received from the SCC AS and associated with the registration path of the SIP INVITE request due to STI-rSR; 
C)
the Target-Dialog header field containing the dialog identifier of the home leg of the session being transfered by CS to PS SRVCC (see subclause 6A.3.1) of the registration path of the SIP INVITE request due to STI-rSR;

D)
the Require header field containing the option tag "tdialog";

E)
the Contact header field that contains the contact information received in the SIP INVITE request due to STI-rSR;  

F)
the Record-Route header field that includes only the ATCF SIP URI, where the ATCF wants to receive subsequent in-dialog requests from the SCC AS; and
NOTE 7:
The ATCF SIP URI included in the Record-Route header field is used by the SCC AS to build a Route header field that the SCC AS will use when sending the in-dialog request toward the ATCF.

G)
the P-Asserted-Identity header field set to the C-MSISDN (see subclause 6A.3.1) previously received from the SCC AS and associated with the registration path of the SIP INVITE request; and

3)
for registration path(s), which have the C-MSISDN equal to the C-MSISDN associated with the registration path of the SIP INVITE request due to STI-rSR, reset the CS to PS SRVCC access transfer in progress flag (see subclause 6A.3.1).
NOTE 8:
Upon receiving a SIP 2xx response to the SIP INVITE request due to ATU-STI for CS to PS SRVCC, the ATCF requests the ATGW to update forwarding of the audio media from the SC UE to the remote UE. The details of interaction between the ATCF and the ATGW are out of scope of this document.
Upon receiving a SIP 2xx response to the SIP INVITE request due to ATU-STI for CS to PS SRVCC, the ATCF shall:

1)
send a SIP BYE request to terminate the dialog between MSC Server and ATCF, following the procedures specified in 3GPP TS 24.229 [2].
