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3.1
Definitions

For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [1] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in 3GPP 3GPP TR 21.905 [1].

Dynamic STI: An STI dynamically assigned by the SCC AS, representing the SIP dialog identifier (Call-ID header field and the values of tags in To and From header fields) and used for session transfer request when Gm service control is available.

Inter UE Transfer SCC AS URI: A SIP URI which is a public service identity hosted by SCC AS and which is used in inter UE transfer procedures.

Static STI: An STI configured in the SC UE either as a SIP URI or as an E.164 number in tel URI or SIP URI representation of tel URI. The static STI is used for CS-PS transfer when dynamic STI is unavailable.

For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.237 [9] apply:

Access Leg

Remote Leg

Target Access Leg

Source Access Leg

Session Transfer Identifier (STI)

Session Transfer Number (STN)

Session Transfer Number for SR-VCC (STN-SR)

Collaborative session

Controllee UE

Controller UE

Inter-UE transfer
Emergency Session Transfer Number for SR VCC(E-STN-SR)
Correlation MSISDN

For the purposes of the present document, the following terms and definitions given in 3GPP TS 24.292 [4] apply:

CS call

CS media

For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.003 [12] apply:

IP Multimedia Routing Number (IMRN)

For the purposes of the present document, the following terms and definitions given in IETF RFC 5012 [16] apply:

Emergency service URN
For the purposes of the present document, the following terms and definitions given in IETF RFC 3264 [rfc3264] apply:

Directionality
****************** change 3 ******************

16.2.1.1
Controller UE procedures

To establish a collaborative session by transferring the media component, the controller UE shall send a SIP REFER request outside the existing dialog as specified in IETF RFC 3515 [13] and include:

1)
the Request-URI set to the Inter UE Transfer SCC AS URI;
2)
the Refer-To header field set as follows:

a)
the SIP URI of the controllee UE;

NOTE:
The SIP URI of the controllee UE needs to be a GRUU if the controllee UE and any other UEs share the same public user identity.

b)
the body parameter containing SDP for the media (m=) lines in the session set as follows:

-
media lines that are not being transferred with the port number set to zero

-
media line(s) that are to be transferred containing the port number for the corresponding media received in the media line of the SDP received during the last successful SDP offer/answer exchange;

3)
the Accept header field containing the MIME type "message/sipfrag";

4)
the Target-Dialog header field containing the dialog parameters for the dialog of the existing session; and

5)
the Contact header field containing the g.3gpp.iut-controller media feature tag as described in annex C.

The controller UE shall handle any response to the SIP REFER request and the subsequent SIP NOTIFY requests according to 3GPP TS 24.229 [2] and IETF RFC 3515 [13]. The controller UE shall save the media information (e.g. media line(s) and port number(s)) related to the transferred media(s) received in the sipfrag body of the SIP NOTIFY requests in order to perform further inter-UE transfer operations on the controllee UE. When the controller UE receives a SIP re-INVITE request from the SCC AS to update the status of the transferred media component after a successful transfer, the controller UE shall follow the procedures described in 3GPP TS 24.229 [2], including in the Contact header field of the SIP 200 (OK) response the g.3gpp.iut-controller media feature tag as described in annex C.

If an error response is received for the SIP REFER request or the subsequent SIP NOTIFY requests include a non-2xx final response, the controller UE shall consider the transfer operation failed and continue the existing session.

****************** change 4 ******************

16.3.2
SCC AS procedures for collaborative session establishment by transferring media
NOTE:
If the controller UE is already involved in a collaborative session then the procedures in subclause 17.13.1 apply.

Editor's Note:
The text in this first line will need to be aligned with a future change request that will provide the procedures for determination of when to invoke this subclause.

When the SCC AS establishes a collaborative session by transferring media as a result of receiving a SIP REFER request for transferring an existing media to controllee UE from the controller UE , the SCC AS shall send:
1)
a SIP 202 (Accepted) response to the SIP REFER request and a SIP NOTIFY request containing a sipfrag "SIP 100 Trying" to the controller UE as specified in IETF RFC 3515 [13]; and

2)
a SIP INVITE request to controllee UE, containing:

a)
Request-URI with SIP URI from the Refer-To header field of the received SIP REFER request;

b)
the Referred-By header field containing the URI from the P-Asserted-Identity header field of the received SIP REFER request;

c)
the P-Asserted-Identity header field containing the identity of the remote UE as received in the P-Asserted-Identity header field from the remote UE at the original session establishment; and
d)
the SDP information for the media component to be transferred as follows:
A)
The media (m=) lines from the body parameter in the Refer-To header field of the received SIP REFER request; and
B)
for media lines which have non zero port numbers the SDP parameters from the corresponding media lines as received during the last successful SDP offer/answer exchange from the remote UE and extended with

i)
sendonly directionality; and

ii)
bandwidth information with RS set to zero and RR set to zero.


If the SIP final response was a non 2xx response then the SCC AS shall consider the transfer operation failed and abort the media transfer and establishment of the collaborative session.

If the SIP final response was a SIP 2xx response containing a SDP answer, the SCC AC shall send a SIP re-INVITE request on the dialog for the remote leg to the remote UE as sepcified in 3GPP TS 24.229 [2]. The SCC AS shall:

1)
send a SIP re-INVITE request containing SDP information as follows:

a)
for the transferred media component(s), set the SDP information as from the SDP answer received in the SIP 200 (OK) response from the controllee UE with the difference that the directionality is set to directionality used by the controler UE; and
b)
for all other media components in the collaborative session, include the SDP information as from the original session to the remote leg.

Upon receipt of a 2xx response for the re-INVITE request sent to the remote UE, the SCC AS shall:

1)
send a SIP re-INVITE request to the controller UE following the procedures described in 3GPP TS 24.229 [2] to remove the media for the transferred media component.

Upon receiving a SIP 200 (OK) response with the SDP answer on the remote leg, the SCC AS shall send a SIP ACK request on the remote leg.
Upon receipt of a 2xx response for the re-INVITE request sent to the controller UE, the SCC AS shall send a SIP re-INVITE request to the controllee UE following the procedures described in 3GPP TS 24.229 [2] and set the directionality (i.e. sendrecv/sendonly/recvonly/inactive) attributes associated to the transferred media component to according to the SDP answer received from the remote UE.

Upon receiving a final response to the SIP re-INVITE request which was sent towards the controllee UE to set the directionality attributes associated to the transferred media component, the SCC AS shall:

1)
send a SIP NOTIFY request containing the received final response code in the sipfrag body to the controller UE;

2)
if the received response to the SIP re-INVITE is a SIP 2xx response containing an SDP answer, include within the sipfrag body

a)
the Content-Type header field from the received SIP 2xx response; and

b)
 the SDP answer.
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16.3.4
Void
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