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[bookmark: _Toc4510083][bookmark: _Toc4510159]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 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.
Pre-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 not been received or sent yet in any existing early dialogs.
Dual radio access transfer for calls in alerting phase: feature enabling dual radio access transfer of a session with speech media component where the session is in an alerting phase.
Dual radio access transfer for originating calls in pre-alerting phase: feature enabling dual radio access transfer of a session with speech media component where the session was originated by the SC UE and the session is in a pre-alerting phase.
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.
Dynamic STN: An STN encoded as  an E.164 number in tel URI format dynamically assigned by the SCC AS replacing the static STN during PS to CS dual radio access transfer.
Static STN: An STN configured in the SC UE as an E.164 number. The static STN is used for PS to CS transfer when dynamic STN cannot be used.
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 format or SIP URI representation of tel URI. The static STI is used for CS-PS transfer when dynamic STI is unavailable.
PS to PS STI: An STI configured in SC UE either as a SIP URI or as an E.164 number in tel URI format or SIP URI representation of tel URI. The PS to PS STI is used for PS to PS access transfer.
PS to CS STN: An STN that is encoded as an E.164 number. The PS to CS STN is used for PS to CS access transfer.
Speech media component: SDP media component of audio media type with codec suitable for conversational speech. Connection (c=) and attribute (a=) informations at the SDP session level not overridden by information at the SDP media level in the speech media component are considered to be part of the speech media component.
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.
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.
Active video media component: video media component which has "recvonly" or "sendrecv" directionality at the SC UE or at the MSC server serving the SC UE.
Inactive video media component: video 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 PS to CS 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 PS to CS SRVCC transfer or CS to PS SRVCC transfer or both. It is provided in the MIME body as defined in clause D.3.
UE information for CS to PS SRVCC: Session description containing speech media component that will be used by the ATGW to send media to the SC UE during the CS to PS SRVCC access transfer.
ATGW information for CS to PS SRVCC: Session description containing speech media component that will be used by the SC UE to send media to the ATGW during the CS to PS SRVCC access transfer. 
PS to CS SRVCC for calls in alerting phase: feature enabling PS to CS SRVCC of a session with speech media component where the session is in alerting phase.
CS to PS SRVCC for calls in alerting phase: feature enabling CS to PS SRVCC of a session with speech media component where the session is in alerting phase.
PS to CS SRVCC for originating calls in pre-alerting phase: feature enabling PS to CS SRVCC of a session with speech media component where the session was originated by the SC UE and the session is in pre-alerting phase.
PS to CS SRVCC for terminating calls in pre-alerting phase: feature enabling PS to CS SRVCC of a session with speech media component where the session was terminated by the SC UE and the session is in pre-alerting phase.
CS session in an early phase: A CS call for which the CS call setup procedure is not complete, i.e. the CC CONNECT message is not sent or received as described in 3GPP TS 24.008 [8] yet but where either a CC CALL PROCEEDING message as described in 3GPP TS 24.008 [8] has been received or a CC ALERTING message as described in 3GPP TS 24.008 [8] has been sent or received.
Precondition enabled dialog: a dialog (either a confirmed dialog or an early dialog) created by a SIP response containing a Require header field with the precondition option tag.
Precondition enabled initial INVITE request: an initial INVITE request containing a Require header field with the precondition option tag or a Supported header field with the precondition option tag.
RTP payload format: the <encoding name> portion of an "a=rtpmap" attribute according to IETF RFC 4566 [93] for the dynamically assigned RTP payload type numbers or the name of encoding reserved in IETF RFC 3551 [91] table 1 for statically assigned RTP payload type numbers.
RTP payload type number: a number identifying an RTP payload type of a media stream using the RTP based transport protocol. In SDP, the RTP payload type number can be found in a sub-field of an <fmt> portion of an "m=" line, in a <payload type> portion of the "a=rtpmap" attribute and in a <format> portion of an "a=fmtp" attribute, according to IETF RFC 4566 [93]. In RTP, the RTP payload type number is found in the PT field of the RTP header according to IETF RFC 3550 [92].
RTP payload type: 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=fmtp" attribute for the RTP payload type number, included in an SDP body, according to IETF RFC 4566 [93].
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)
Dual radio
Emergency Session Transfer Number for SR VCC (E-STN-SR)
Home Leg
Local Operating Environment
Remote Leg
Serving Leg Session Transfer Identifier for reverse SRVCC (STI-rSR)
Source Access Leg
Target Access Leg
Emergency Session Transfer Number for DRVCC (E-STN-DRVCC)

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:
Evolved Packst System (EPS)
Persistent EPS bearer context 

For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.501 [AA] apply:
5G System (5GS)
NG-RAN
Non-3GPP InterWorking Function (N3IWF)
Protocol Data Unit (PDU) session

For the purposes of the present document, the following terms and definitions given in 3GPP TS 24.501 [CC] apply:
Persistent PDU session context

For the purposes of the present document, the following terms and definitions given 3GPP TS 29.274 [70] apply:
Allocation/Retention Priority (ARP)
*** Next change ***
5.2	User Equipment (UE)
To be compliant with access transfer in this document, a UE shall implement the role of an SC UE:
-	acting as an UA as defined in 3GPP TS 24.229 [2];
-	according to subclause 6.2 for registration of the UE in the IM CN subsystem; and
-	dependent on the desired functionality, one or more of the procedures according to subclause 6A.2, subclause 7.2, subclause 8.2, subclause 9.2, subclause 10.2, subclause 11.2, subclause 12.2, subclause 13.2 and subclause 20.1.
A UE supporting different functionality for a session depending on the system used, and supporting transfer of that session to an access of that system, shall originate the session or call in accordance with the requirements for that functionality. Transfer of PDU sessions from 5GS or N3IWF to EPS are defined in 3GPP TS 23.502 [BB].
[bookmark: _Toc4510160]*** Next change ***
[bookmark: _Toc4510097][bookmark: _Toc4510107]6.3.2	Triggers for the SCC AS providing information to ATCF
This subclause applies for a contact address (or a registration flow, if multiple registration mechanism is used) in the registration state information obtained by SCC AS:
1)	which is registered by the UE:
A)	in NG-RAN, E-UTRAN, UTRAN and GERAN access networks; and
NOTE 1:	The access network where the UE performed registration can be found in the P-Access-Network-Info header field of the SIP REGISTER request.
NOTE 2:	While in this version of the specification the NG-RAN does not support continuity to CS, a UE can first experience continuity to E-UTRAN, and subsequently PS to CS SRVCC.
B)	for a private user identity associated with a C-MSISDN; and
2)	where the SIP REGISTER request contained a Feature-Caps header field containing the g.3gpp.atcf feature-capability indicator.
The SCC AS shall identify the ATCF URI for terminating requests of the related ATCF as the URI in the g.3gpp.atcf-path feature-capability indicator included in a Feature-Caps header field of the SIP REGISTER request that created the binding.
The SCC AS shall store the feature-capability indicators indicated in the Feature-Caps header field containing the g.3gpp.atcf feature-capability indicator until the binding is removed.
The SCC AS shall determine that PS to CS SRVCC is usable for the UE if the UE PS to CS SRVCC Capability (see 3GPP TS 29.328 [6]) of the UE has value UE-SRVCC-CAPABILITY-SUPPORTED and if the private user identity of the UE has associated STN-SR (see 3GPP TS 29.328 [6]).
If SCC AS supports CS to PS SRVCC, the SCC AS shall also determine whether the CS to PS SRVCC is usable for the private user identity of the UE as described in subclause 6.3.4.
When the SCC AS becomes aware of a new contact address (or new registration flow, if multiple registration mechanism is used) that fulfils the above criteria and:
-	PS to CS SRVCC is usable for the UE; or
-	the SCC AS supports CS to PS SRVCC and CS to PS SRVCC is usable for the UE;
the SCC AS shall perform actions as described in subclause 6.3.3 with the related ATCF.
When the SCC AS becomes aware that, for a UE which registered the contact address (or registered the registration flow, if multiple registration mechanism is used) that fulfils the above criteria that:
1)	PS to CS SRVCC was usable and PS to CS SRVCC is not usable now;
2)	PS to CS SRVCC was not usable and PS to CS SRVCC is usable now; or
3)	the SCC AS supports CS to PS SRVCC and:
A)	CS to PS SRVCC was usable and CS to PS SRVCC is not usable now; or
B)	CS to PS SRVCC was not usable and CS to PS SRVCC is usable now;
then the SCC AS shall provide the PS to CS SRVCC related information to the related ATCF as described in subclause 6.3.3.
[bookmark: _GoBack]*** Next change ***
6.5.2	Registration related procedures in the ATCF
Upon receiving a SIP REGISTER request originated by a UE, the ATCF shall:
1.	if ATCF decides to include itself for access transfer of sessions according to operator policy: 
NOTE 1:	An example of the operator policy is that the ATCF is included in the signalling path only when the UE registers over the NG-RAN, E-UTRAN, UTRAN or GERAN access networks.
A.	generate a unique ATCF URI for terminating requests such that the registration path (or registration flow, if multiple registration mechanism is used) can be determined for terminating requests;
NOTE 1A:	One possible construction method is to set the user portion of the ATCF URI for terminating requests to the URI of the most bottom Path header field of the SIP REGISTER request.
NOTE 1B:	While in this version of the specification the NG-RAN does not support continuity to CS, a UE can first experience continuity to E-UTRAN, and subsequently PS to CS SRVCC.
B.	insert a Path header field with the generated ATCF URI for terminating requests;
C.	insert a Feature-Caps header field as described in RFC 6809 [60] with:
a.	the g.3gpp.atcf feature-capability indicator containing the STN-SR allocated to ATCF included as described in IETF RFC 6809 [60];
b.	the g.3gpp.atcf-mgmt-uri feature-capability indicator containing the ATCF management URI included as described in IETF RFC 6809 [60]; 
c.	the g.3gpp.atcf-path feature-capability indicator with value containing the generated ATCF URI for terminating requests as described in IETF RFC 6809 [60];
d.	if the ATCF is aware that all MSC servers, which can be involved in the SRVCC procedures and which are in the same network as the ATCF, support the MSC server assisted mid-call feature: 
-	the g.3gpp.mid-call feature-capability indicator;
e.	if the ATCF is aware that all MSC servers, which can be involved in the SRVCC procedures and which are in the same network as the ATCF, support the PS to CS SRVCC for calls in alerting phase:
-	the g.3gpp.srvcc-alerting feature-capability indicator; and
-	if the ATCF is aware that all MSC servers, which can be involved in the SRVCC procedures and which are in the same network as the ATCF, support the PS to CS SRVCC for originating calls in pre-alerting phase:
i.	the g.3gpp.ps2cs-srvcc-orig-pre-alerting feature-capability indicator as described in annex C; and
-	if the ATCF is aware that all MSC servers, which can be involved in the SRVCC procedures and which are in the same network as the ATCF, support the PS to CS SRVCC for terminating calls in pre-alerting phase:
i.	the g.3gpp.ps2cs-srvcc-term-pre-alerting feature-capability indicator as described in annex C; and
f.	if the Contact header field of the SIP REGISTER request contains the g.3gpp.cs2ps-srvcc media feature tag and if the ATCF supports the CS to PS SRVCC:
-	the g.3gpp.cs2ps-srvcc feature-capability indicator containing the STI-rSR allocated by ATCF;
NOTE 2:	Since the ATCF cannot be aware of which MSC server the SC UE can potentially be transferred to and the PS to CS SRVCC access transfer for a call in alerting phase is optional, all MSC servers in the network where the SC UE is attached needs to support the PS to CS SRVCC access transfer for a call in alerting phase before the ATCF can indicate support.
NOTE 3:	Since the ATCF cannot be aware of which MSC server the SC UE can potentially be transferred to and the PS to CS SRVCC access transfer for a call in pre-alerting phase is optional, all MSC servers in the network where the SC UE is attached needs to support the PS to CS SRVCC access transfer for a call in pre-alerting phase before the ATCF can indicate support.
NOTE 4:	Since the ATCF cannot be aware of which MSC server the SC UE can potentially be transferred to and the MSC server assisted mid-call feature is optional, all MSC servers in the network where the SC UE is attached needs to support the MSC server assisted mid-call feature before the ATCF can indicate support.2.	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 exit point of the visited network and forward the request to that entry point;
NOTE 5:	The list of the exit points can be either obtained as specified in RFC 3263 [72] or provisioned in the ATCF.
3.	if the ATCF is located in the visited network and local policy does not require the application of IBCF capabilities in the visited network towards the home network select an entry point of the home network and forward the request to that entry point;
NOTE 6:	The list of the entry points can be either obtained as specified in RFC 3263 [72] or provisioned in the ATCF. The entry point can be an IBCF or an I-CSCF.
4.	if the ATCF is located in the home network select an I-CSCF of the home network and forward the request to that I-CSCF; and
NOTE 7:	The list of the I-CSCFs can be either obtained as specified in RFC 3263 [72] or provisioned in the ATCF.
5.	if the ATCF fails to forward the SIP REGISTER request to any entry point, the ATCF shall send back a SIP 504 (Server Time-Out) response, in accordance with the procedures in RFC 3261 [19].
Upon receiving a SIP 2xx response to the SIP REGISTER request originated by a served UE and if ATCF decided to include itself for access transfer of sessions according to operator policy, the ATCF shall:
1)	update the S-CSCF Service-Route URI bound to the registration path (see subclause 6A.3.1) identified by the ATCF Path URI;
NOTE 8:	The ATCF Path URI is the URI which the ATCF inserted in the Path header field of to the SIP REGISTER request.
NOTE 9:	The S-CSCF Service-Route URI is the URI in the most bottom Service-Route header field of the SIP 2xx response to the SIP REGISTER request.
2)	if the Contact header field of the SIP REGISTER request contains the g.3gpp.cs2ps-srvcc media feature tag and if the ATCF supports the CS to PS SRVCC:
A)	for the registration path, which has the ATCF Path URI matching the URI which the ATCF inserted in the Path header field of to the SIP REGISTER request:
a)	set the route set towards the SC UE bound to the registration path (see subclause 6A.3.1) to the Path header fields in the received SIP 2xx response preceding the ATCF Path URI; and
b)	set the contact address of the SC UE bound to the registration path (see subclause 6A.3.1) to the Contact header field of the SIP REGISTER request; and
3)	insert a Feature-Caps header field with:
A)	the g.3gpp.atcf feature-capability indicator containing the STN-SR allocated to ATCF included as described in IETF RFC 6809 [60]; and
B)	if the Contact header field of the SIP REGISTER request contains the g.3gpp.cs2ps-srvcc media feature tag and if the ATCF supports the CS to PS SRVCC:
a)	the g.3gpp.cs2ps-srvcc feature-capability indicator containing the STI-rSR allocated by ATCF.
*** 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 according to IETF RFC 3840 [53].
1a)	If the SC UE supports the PS to CS SRVCC for calls in alerting phase, 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, 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 1xx and SIP 2xx responses to the SIP INVITE request according to IETF RFC 3840 [53].
1b)	If the SC UE supports the PS to CS SRVCC for terminating calls in pre-alerting phase, and the receiving SIP INVITE request includes the g.3gpp.ps2cs-srvcc-term-pre-alerting feature-capability indicator as described in annex C in a Feature-Caps header field, the SC UE shall include the g.3gpp.ps2cs-srvcc-term-pre-alerting media feature tag as described in annex C in the Contact header field of the SIP 1xx and SIP 2xx responses to the SIP INVITE request according to IETF RFC 3840 [53].
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: and
-	NG-RAN, the IMSVoPS indicator indicates that voice is not supported, and no persistent PDU sesion context exists at the SC UE;
-	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 NG-RAN, 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. 
If the SC UE supports the use of dynamic STN, the SC UE shall include the g.3gpp.dynamic-stn media feature tag according to annex C in the Contact header field of SIP 1xx and SIP 2xx responses according to IETF RFC 3840 [53].
If the SC UE supports PS to CS dual radio access transfer of calls in alerting phase and if the g.3gpp.drvcc-alerting feature-capability indicator is included in the SIP INVITE request, the SC UE shall include in all SIP 18x responses to the SIP INVITE request, the g.3gpp.drvcc-alerting media feature tag as described in annex C in the Contact header field according to IETF RFC 3840 [53].

