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***** First change *****
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].
Alerting phase: Refers to a SIP session for which all possibly existing dialogs created by the SIP INVITE request initiating the session are early dialogs, for which no final SIP response has been received yet and for which SIP 180 (Ringing) response has already been received in an existing early dialogs.

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.

Additional transferred session SCC AS URI: A SIP URI which is a public service identity hosted by SCC AS and which is used during PS-CS access transfer with the MSC Server assisted mid-call feature.

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.

Active speech media component: speech media component which has "recvonly" or "sendrecv" directionality at the SC UE or at the MSC server serving the SC UE.

Speech media component: SDP media component of audio media type with codec suitable for conversational speech.

Inactive speech media component: speech media component which has "sendonly" or "inactive" directionality at the SC UE or at the MSC server serving the SC UE.

ATCF URI for originating requests: A URI of the ATCF where the ATCF receives requests sent by the served UEs.

ATCF URI for terminating requests: A URI of the ATCF where the ATCF receives requests targeted to the served UEs.

ATCF management URI: A URI hosted by the ATCF where the ATCF performing the role of a UAS receives SIP requests for ATCF management (e.g. SIP MESSAGE requests containing the SRVCC related information). The ATCF management URI is routable via the I-CSCF in the network where the ATCF is located using the same routing mechanism as used for Public Service Identities hosted by an AS.

Registration Path: The set of Path header field values and the set of Service-Route header field values created by successful completion of the SIP REGISTER transaction.

SRVCC-related information: Information required by the ATCF to perform SRVCC transfer. It is provided in the MIME body as defined in annex D.3.

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

Access Leg

Access Transfer Control Function (ATCF)

Access Transfer Gateway (ATGW)

Access Transfer Update - Session Transfer Identifier (ATU-STI)

Local Operating Environment
Remote Leg
Target Access Leg

Source Access Leg

Emergency Session Transfer Number for SR VCC (E-STN-SR)
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 23.218 [67] apply:

Initial filter criteria

For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.228 [15] apply:

Policy and Charging Rule Function (PCRF)

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

Correlation MSISDN

IP Multimedia Routeing Number (IMRN)

Session Transfer Identifier (STI)

Session Transfer Number (STN)
Session Transfer Number for SR-VCC (STN-SR)
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 4353 [55] apply:

Conference

Conference URI

Focus

Participant
For the purposes of the present document, the following terms and definitions given in IETF RFC 3264 [58] apply:

Directionality

For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.292 [63] apply:

ICS user
For the purposes of the present document, the following terms and definitions given 3GPP TS 24.229 [2] apply:

Authorised Resource-Priority header field

Temporarily Authorised Resource-Priority header field
NOTE:
Within the present specification, a Temporarily Authorised Resource-Priority header field can be applied to handling of originating requests in the ATCF.
For the purposes of the present document, the following terms and definitions given in 3GPP TS 24.301 [52] apply:

Persistent EPS bearer context
***** Next change *****
8.2
SC UE

The SC UE shall support termination of multimedia sessions in the IM CN subsystem as specified in 3GPP TS 24.229 [2] with the following clarifications:

1)
If the SC UE supports the MSC server assisted mid-call feature, and the receiving SIP INVITE request includes g.3gpp.mid-call feature-capability indicator, as described in annex C, in the Feature-Caps header field, the SC UE shall include the g.3gpp.mid-call media feature tag as described in annex C in the Contact header field of the SIP 2xx response to the SIP INVITE request.
1a)
If the SC UE supports single radio PS to CS access transfer for calls in alerting state, and the receiving SIP INVITE request includes the g.3gpp.srvcc-alerting feature-capability indicator as described in annex C in a Feature-Caps header field as described in IETF RFC 6809 [60], the SC UE shall include the g.3gpp.srvcc-alerting media feature tag as described in annex C in the Contact header field of the SIP 180 (Ringing) response to the SIP INVITE request.
2)
If the SC UE not supporting ICS or supporting ICS but with ICS capabilities disabled receives a SIP INVITE request containing a SDP offer which includes speech media component transported using an IP bearer, and:

NOTE 1:
An indication that an SC UE with ICS capabilities has its ICS capabilities enabled or disabled can be found in the ICS MO ICS_Capabilities_Enabled leaf node (see 3GPP TS 24.286 [23]).
a)
if the SC UE sends the response to the SIP INVITE request over GERAN; 

b)
if the SC UE sends the response to the SIP INVITE request over: 
-
E-UTRAN, the IMSVoPS indicator indicates that voice is not supported, and no persistent EPS bearer context exists at the SC UE; or
-
UTRAN, and the IMSVoPS indicator indicates that voice is not supported; or
c)
if the SC UE sends the response to the SIP INVITE request over an access network other than E-UTRAN, UTRAN and GERAN, and the access network does not support the offered speech media component transported using an IP bearer;


then the SC UE shall send back a SIP 488 (Not Acceptable Here) response without a message body

The SC UE not supporting ICS or with ICS capabilities disabled shall support termination of calls in the CS domain as specified in 3GPP TS 24.008 [8].

An SC UE that supports ICS and has ICS capabilities enabled shall follow the call termination procedures as specified in 3GPP TS 24.292 [4].
When the SC UE not supporting ICS or with ICS capabilities disabled, and supports multiple registrations receives a SIP INVITE request containing SDP for establishing a session using just an IP bearer, then the SC UE shall establish this session in accordance with 3GPP TS 24.229 [2] with the following clarification:

-
if the SIP INVITE request contains a Target-Dialog header field containing dialog parameters that correspond to an existing dialog (or a dialog in the process of being established) between the SC UE and SCC AS, the SC UE shall treat the SIP INVITE request as another dialog that is part of the same session as the dialog identified by the dialog parameters contained in the Target-Dialog header field; and

-
if the SIP INVITE request does not contain a Target-Dialog header field but there is an existing dialog (or a dialog in the process of being established) between the SC UE and SCC AS, the SC UE shall check if the dialog parameters for this request correspond to the dialog parameters received in a Target-Dialog header field received on an existing dialog (or a dialog in the process of being established) between the SC UE and SCC AS and if so then the SC UE shall treat the SIP INVITE request as another dialog that is part of the same session as the dialog that the Target-Dialog header field was received on.

NOTE 2:
The second case is to cover the possibility that requests can arrive out of the order that they were sent.
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