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***** Next change *****
9.7
MSC procedures for PS to CS dual radio access transfer of calls in an early phase

The MSC server supporting PS to CS dual radio access transfer for calls in alerting phase shall populate a SIP INVITE request due to STN as follows:

1)
include the g.3gpp.drvcc-alerting media feature tag as described in annex C in the Contact header field of the SIP INVITE request according to IETF RFC 3840 [53]; and

2)
if the MSC server supports the PS to CS dual radio access transfer for originating calls in pre-alerting phase, the MSC server shall include the g.3gpp.ps2cs-drvcc-orig-pre-alerting media feature tag according to annex C in the Contact header field of the SIP INVITE request according to IETF RFC 3840 [53].

NOTE 1:
Since the MSC server is not able to distinguish the dual radio access transfer from the regular session set up, the information elements above are added to every SIP INVITE request sent by the MSC server.

Upon receiving a SIP REFER request within the SIP session established by the SIP INVITE request due to STN:

1)
with the Refer-Sub header field containing "false" value;

2)
with the Supported header field containing "norefersub" value;

3)
with the Target-Dialog URI header field in the URI of the Refer-To header field;

4)
where the g.3gpp.ps2cs-drvcc-alerting feature-capability indicator or the g.3gpp.ps2cs-drvcc-originating-pre-alerting feature-capability indicator as described in annex C was included in the Feature-Caps header field of the SIP 2xx response to the SIP INVITE request due to STN; and

5)
containing a MIME body of MIME type specified in the subclause D.2.4,

NOTE 2:
At this point, the MSC server interacts with the MGW to provide information needed in the procedures below and to request MGW to start forwarding the audio media from the remote UE to the MSC server. The details of interaction between the MSC server and the MGC are out of scope of this document.

then the MSC server shall:

1)
handle the SIP REFER request as specified in 3GPP TS 24.229 [2], IETF RFC 3515 [13] as updated by IETF RFC 6665 [81], and IETF RFC 4488 [20] without establishing an implicit subscription; and

NOTE 3:
In accordance with IETF RFC 4488 [20], the MSC server inserts the Refer-Sub header field containing the value "false" in the SIP 2xx response to the SIP REFER request to indicate that it has not created an implicit subscription.

2)
send a SIP INVITE request for transfer of an additional early session in accordance with the procedures specified in 3GPP TS 24.229 [2] and IETF RFC 3515 [13]. The SC UE shall populate the SIP INVITE request as follows:

A.
header fields which were included as URI header fields in the URI in the Refer-To header field of the received SIP REFER request as specified in IETF RFC 3261 [19] except the "body" URI header field;

B)
the SDP offer with:

a)
the same amount of the media descriptions as in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request;

b)
each "m=" line having the same media type as the corresponding "m=" line in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request;

c)
port set to zero value in each "m=" line whose corresponding "m=" line in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request has port with zero value; and

d)
media directionality as in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request; and

NOTE 4:
port can be set to zero or nonzero value for the offered "m=" line whose corresponding "m=" line in the "body" URI header field in the URI in the Refer-To header field of the received SIP REFER request has port with nonzero value.
e)
if local configuration indicates that the network is serving users supporting the precondition mechanism, indicate preconditions as met, using the segmented status type, as defined in IETF RFC 3312 [88] and IETF RFC 4032 [rfc4032], 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;
C)
if the MSC server supports the MSC server assisted mid-call feature, include the g.3gpp.mid-call media feature tag as described in annex C in the Contact header field according to IETF RFC 3840 [53]; and
D)
if local configuration indicates that the network is serving users supporting SIP preconditions, include:
a)
a "100rel" option tag as defined in IETF RFC 3262 [86] to indicate the support for reliable provisional responses; and

b)
a "precondition" option tag as defined in IETF RFC 3312 [88] to indicate the support for the SIP precondition mechanism.

Upon receipt of a SIP 18x response to SIP INVITE request for an additional early session, the MSC server shall:

1)
associate the SIP INVITE request for an additional early session with CS call with transaction identifier calculated as in the table 9.2.1A-1 and TI flag value as in originating mobile case;

2)
if the received response is a not a SIP 180 (Ringing) response enter the "mobile originating call proceeding" (N3) state as specified in 3GPP TS 24.008 [8]; and
3)
if the received response is a SIP 180 (Ringing) response enter the "call delivered" (N4) state as specified in 3GPP TS 24.008 [8].



9.8
MSC server enhanced for dual radio access transfer using a SIP interface

9.8.1
General
An MSC server enhanced for dual radio access transfer using a SIP interface shall interwork CC messages as specified in 3GPP TS 29.292 [18].

If the MSC server enhanced for dual radio access transfer using a SIP interface supports PS to CS dual radio access transfer for calls in alerting phase, the MSC server shall apply the procedures specified in subclause 9.7.

NOTE:
The MSC server enhanced for dual radio access transfer using a SIP interface can only support PS to CS dual radio access transfer of calls in alerting phase on originating side since transfer of a waiting call requires ICS functionality. A waiting call will be transferred using CS access via MGCF when ICS functionality is not supported by the MSC server.

The MSC server enhanced for dual radio access transfer using a SIP interface supporting the MSC server assisted mid-call feature for speech sessions shall apply the procedures specified in subclause 9.5.
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