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***** Next change *****
12.7.2.5
Transfer of additional session
Upon receiving a SIP REFER request for transferring additional call, the ATCF shall:

 1)
store the additional transferred session SCC AS URI contained in the Refer-To header field and associate it with the C-MSISDN contained in the SIP INVITE requests due to STN-SR which created the dialog in which the REFER request is received;

2)
replace the additional transferred session SCC AS URI contained in the Refer-To header field with the ATCF URI for anchoring additional transferred call in ATCF allocated to the ATCF extended with any SIP URI headers of the additional transferred session SCC AS URI; and
3)
forward the REFER request to the MSC Server.

Upon receiving SIP INVITE request for anchoring call additionally transferred during PS to CS SRVCC in ATCF, the ATCF shall act as B2BUA and shall:

1)
determine the transferable session set which are all the sessions with a speech media component:

A)
associated with C-MSISDN equal to the URI in the P-Asserted-Identity header field of the SIP INVITE request; and

B)
where during establishment of the session a Feature-Caps header field containing the g.3gpp.srvcc feature-capability indicator was received in the initial SIP request or SIP response;
NOTE:
The transferable sessions set potentially includes recently released sessions for which the ATCF temporarily retains session state according to subclause 12.7.2.3.

2)
determine the additional session being transferred which is a session in the transferable session set with dialog identifier indicated by the Target-Dialog header field of the SIP INVITE request;

3)
if ATCF supports CS to PS SRVCC and if ATCF contains an SRVCC-related information (see subclause 6A.3.1) containing C-MSISDN equal to the <C-MSISDN> element of the <Setup-info> element of the value <srvcc-ext> root element of the application/vnd.3gpp.srvcc-ext+xml MIME body of the SIP INVITE request: 

A)
associate the session being established with the latest SRVCC-related information (see subclause 6A.3.1) containing C-MSISDN equal to the URI in the P-Asserted-Identity header field of the SIP INVITE request; and

B)
store the value of the g.3gpp.ti media feature tag of the Contact header field of the SIP INVITE request; and

4)
send a SIP INVITE request towards the home network according to 3GPP TS 24.229 [2]. The ATCF shall populate the SIP INVITE request towards the home network with:
A)
the Request-URI set to the additional transferred session SCC AS URI previously stored and associated with the C-MSISDN equal to the URI in the P-Asserted-Identity header field of the SIP INVITE request for anchoring call additionally transferred during PS to CS SRVCC in ATCF;

B)
all MIME bodies of the SIP INVITE request for anchoring call additionally transferred during PS to CS SRVCC in ATCF apart from application/sdp MIME body and apart from the application/vnd.3gpp.srvcc-ext+xml MIME body;

C)
the SDP offer containing the ATGW ports and IP addresses of the selected dialog towards the remote UE as provided by the ATGW and the media types offered in the SIP INVITE request for anchoring call additionally transferred during PS to CS SRVCC in ATCF;

D)
the Target-Dialog header field set to the Target-Dialog header field of the SIP INVITE request for anchoring call additionally transferred during PS to CS SRVCC in ATCF;
E)
the Record-Route header field containing the SIP URI of the ATCF;

F)
the Contact header field that contains the contact information received in the SIP INVITE request for anchoring call additionally transferred during PS to CS SRVCC in ATCF;

G)
the P-Asserted-Identity header field that is the same as the P-Asserted-Identity header field received in the SIP INVITE request for anchoring call additionally transferred during PS to CS SRVCC in ATCF;

H)
all header fields which are included in the SIP INVITE request for anchoring call additionally transferred during PS to CS SRVCC in ATCF and which contain option tag(s);

I)
if the Recv-Info header field is included in the SIP INVITE request for anchoring call additionally transferred during PS to CS SRVCC in ATCF, the Recv-Info header field that is the same as the Recv-Info header field received in the SIP INVITE request for anchoring call additionally transferred during PS to CS SRVCC in ATCF except, if the ATCF supports the CS to PS SRVCC, the Recv-Info header field containing the g.3gpp.access-transfer-events info package name;

J)
if the Accept header field is included in the SIP INVITE request for anchoring call additionally transferred during PS to CS SRVCC in ATCF, the Accept header field that is the same as the Accept header field received in the SIP INVITE request for anchoring call additionally transferred during PS to CS SRVCC in ATCF. except, if the ATCF supports the CS to PS SRVCC, the Accept header field containing the application/vnd.3gpp.access-transfer-events+xml MIME type;
K)
if the ATCF supports the CS to PS SRVCC and an Accept header field of the SIP INVITE request for anchoring call additionally transferred during PS to CS SRVCC in ATCF contains the application/vnd.3gpp.access-transfer-events+xml with the "et" parameter indicating ability to receive "event-type" attribute with values additional to the value "2":

a)
the Accept header field containing the application/vnd.3gpp.access-transfer-events+xml MIME type with the "et" parameter indicating ability to receive "event-type" attribute with the additional values; and
b)
the Recv-Info header field containing the g.3gpp.access-transfer-events info package name; and
L)
if the ATCF is located in the visited network, and local policy requires the application of IBCF capabilities in the visited network towards the home network, select an IBCF in the visited network and add the URI of the selected IBCF to the topmost Route header field.

When the ATCF receives any SIP 1xx response or a SIP 2xx response to the SIP INVITE request towards the home network, the ATCF shall:

1)
if ATCF supports CS to PS SRVCC, save the Contact header field included in the SIP response; and

2)
generate and send a SIP response to the SIP INVITE request for anchoring call additionally transferred during PS to CS SRVCC in ATCF populated with:

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

B)
the same status code as the received SIP response to the SIP INVITE request towards the home network;
C)
if ATCF supports CS to PS SRVCC:

a)
the Recv-Info header fields of the received SIP response except the Recv-Info header field containing the g.3gpp.access-transfer-events info package name;

b)
if the SIP response is a SIP 1xx response, the Recv-Info header field containing the g.3gpp.access-transfer-events info package name with the "et" parameter indicating ability to receive "event-type" attribute with value "1", value "3", value "4"  and values, if any, indicated in the "et" parameter of the g.3gpp.access-transfer-events info package name of the Recv-Info header field of the received SIP response; and

c)
if the SIP response is a SIP 2xx response:

i)
the Recv-Info header field containing the g.3gpp.access-transfer-events info package name;

ii)
the Accept header fields of the received SIP response except the Accept header field containing the application/vnd.3gpp.access-transfer-events+xml MIME type; and

iii)
the Accept header field containing the application/vnd.3gpp.access-transfer-events+xml MIME type with the "et" parameter indicating ability to receive "event-type" with value "1", value "3", value "4"  and values, if any, indicated in the "et" parameter of the application/vnd.3gpp.access-transfer-events+xml MIME type of the Accept header field of the received SIP response;

D)
all MIME bodies of the received SIP response to the SIP INVITE request towards the home network apart from application/sdp MIME body; and

E)
the SDP answer containing the ATGW ports and IP addresses of the selected dialog towards the MSC server as provided by the ATGW and the media types answered in the the received SIP response to the SIP INVITE request towards the home network.
