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***** Next change *****
12.6.1.1
Session transfer from MSC server enhanced for SRVCC using SIP interface supporting PS to CS SRVCC

In order to perform the PS to CS SRVCC access transfer, the MSC server enhanced for SRVCC using SIP interface shall initiate a SIP INVITE request and shall:

1)
set the Request URI to the STN-SR for the session with speech media component to be transferred;

NOTE 1:
In deployments without IMS-level roaming interfaces, where the UE is a roaming UE, the MSC server can route the SIP INVITE request based on configuration or translate the STN-SR to a globally routable SIP URI using either an ENUM/DNS translation mechanism or any other available database. A SIP URI is used for the routing between a VPLMN and an HPLMN.
2)
set the P-Asserted-Identity header field to the Correlation MSISDN;
3)
set the Contact header field to the contact address of the MSC server;
4)
include an SDP offer containing only a speech media component. If the MSC server performed procedures in subclause 12.6.0A and received a PS-to-CS-preparation-response, the MSC server should copy into the SDP offer one or more RTP payload types (each comprising of an RTP payload type number indicated in a sub-field of an <fmt> portion of an "m=" line and, if included, an "a=rtpmap" attribute and an "a=frmtp" attribute for the RTP payload type number) indicated in the <IMS-preferred-codec-list> element of the received PS-to-CS-preparation-response described in subclause 12.6.0A; and

5)
if SRVCC with priority handling (as described in 3GPP TS 23.216 [49]) is supported and a Allocation/Retention priority (ARP) indication is received (as described in 3GPP TS 29.280 [71]), then include an authorised Resource-Priority header field;

NOTE 2:
An MSC server enhanced for SRVCC using a SIP interface will use local configuration to map the received ARP value to appropriate values for the authorised Resource-Priority header field.
6)
if the MSC server supports the MSC server assisted mid-call feature:

A.
insert the Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20];

B.
insert the Accept header field containing the MIME type as specified in subclause D.1.3;eua
C.
include in the Contact header field the g.3gpp.mid-call media feature tag as described in annex C; and

D.
insert the Recv-Info header field containing the g.3gpp.mid-call package name;
7)
if the MSC server enhanced for SRVCC using SIP interface supports the PS to CS SRVCC for calls in alerting phase, then include:

a)
an Accept header field containing the MIME type application/vnd.3gpp.state-and-event-info+xml as specified in subclause D.2.3;

b)
a Contact header field containing the g.3gpp.srvcc-alerting media feature tag as described in annex C;

c)
a Recv-Info header field containing the g.3gpp.state-and-event package name;

d)
a P-Early-Media header field containing the "supported" parameter;

e)
if the MSC server enhanced for SRVCC using SIP interface supports the PS to CS SRVCC for originating calls in pre-alerting phase, include the g.3gpp.ps2cs-srvcc-orig-pre-alerting media feature tag as described in annex C into the Contact header field;

f)
if the MSC server does not support the MSC server assisted mid-call feature, a Supported header field containing the option-tag "norefersub" specified in IETF RFC 4488 [20]; and

g)
if the MSC server enhanced for SRVCC using SIP interface supports the PS to CS SRVCC for terminating calls in pre-alerting phase, include the g.3gpp.ps2cs-srvcc-term-pre-alerting media feature tag as described in annex C into the Contact header field;
NOTE 3:
IETF RFC 3261 [19] recommends user agent client to include a Supported header field in any SIP INVITE request, listing option tags for extensions to SIP understood by the user agent client. In the step above, the MSC server is mandated to include at least "norefersub" option tag in the Supported header field.

NOTE 4:
If the MSC server supports the MSC server assisted mid-call feature, a Supported header field containing the option-tag "norefersub" was already inserted in preceding steps.
8)
signalling elements described in subclause 6A.7.1 and shall indicate the related local preconditions as met; and

9)
include the P-Access-Network-Info header field in the SIP INVITE request as specified in 3GPP TS 24.229 [11]. The P-Access-Network-Info header field shall include:

a)
an access-type field set to "3GPP-GERAN", "3GPP-UTRAN-FDD", "3GPP-UTRAN-TDD", or an access-class field set to"3GPP-GERAN", "3GPP-UTRAN";

b)
if available, a "cgi-3gpp" or "utran-sai-3gpp" parameter;

c)
if available a "local-time-zone" parameter;

d)
a "network-provided" parameter; and

e)
if available, a "daylight-saving-time" parameter.
Upon receiving a SIP 200 (OK) response as the first response to the INVITE due to STN-SR (with the exception of the SIP 100 (Trying) response) and if the MSC server does not apply the MSC server assisted mid-call feature procedures in subclause 12.4A, the MSC server shall enter the "active" (N10) state (defined in 3GPP TS 24.008 [8]), regard the access transfer of the session with active speech media component as completed, send an ACK request as specified in 3GPP TS 24.229 [2] and start interworking CC messages as specified in subclause 12.6.5.If the MSC server enhanced for SRVCC using SIP interface supports the MSC server assisted mid-call feature then it shall additionally apply the procedures defined in subclause 12.4A.
If the MSC server enhanced for SRVCC using SIP interface supports the PS to CS SRVCC for calls in alerting phase then in addition to the procedures in this subclause it shall additionally apply the procedures defined in subclause 12.6.3.
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