Page 1



3GPP TSG-CT WG1 Meeting #100
C1-164490
Guilin (P.R. of China), 17-21 October 2016

	CR-Form-v11.1

	CHANGE REQUEST

	

	
	24.237
	CR
	1260
	rev
	1
	Current version:
	14.1.0
	

	

	For HELP on using this form: comprehensive instructions can be found at 
http://www.3gpp.org/Change-Requests.

	


	Proposed change affects:
	UICC apps
	
	ME
	x
	Radio Access Network
	
	Core Network
	x


	

	Title:

	PS to CS session continuity, dual radio session transfer of emergency session

	
	

	Source to WG:
	Nokia, Alcatel-Lucent Shanghai-Belll

	Source to TSG:
	C1

	
	

	Work item code:
	SEW2-CT
	
	Date:
	2016-10-04

	
	
	
	
	

	Category:
	B
	
	Release:
	Rel-14

	
	Use one of the following categories:
F  (correction)
A  (mirror corresponding to a change in an earlier release)
B  (addition of feature), 
C  (functional modification of feature)
D  (editorial modification)

Detailed explanations of the above categories can
be found in 3GPP TR 21.900.
	Use one of the following releases:
Rel-8
(Release 8)
Rel-9
(Release 9)
Rel-10
(Release 10)
Rel-11
(Release 11)
Rel-12
(Release 12)
Rel-13
(Release 13)
Rel-14
(Release 14)

	
	

	Reason for change:
	Stage-2 for SEW2 requires DRVCC from PS to CS for emergeny session. Feature needs to be defined in 24.237

	
	

	Summary of change:
	UE will indicate support for this feature in emergency INVITE in media feature tag

EATF will indicate support for this feature via feature capability indicator in SIP 200 (OK), indicator will contain the E-STN-DR which is generated in EATF

New procedures for SC UE, using the E-STN-DR as number in CC SETUP

New transfer procedure in EATF (similar to what was defined up till now for SCC AS)

Definition of feature-capability indicator g.3gpp.dynamic-e-stn-drvcc
Definition of media feature tag g.3gpp.dynamic-e-stn-drvcc


	
	

	Consequences if not approved:
	PS CS DRVCC not possible for IMS emer call

	
	

	Clauses affected:
	3.1, 6A.2.2.2, 7.4.2, 9.2.1AAA (new), 9.9.1 (new), C.28 (new), C.29 (new), G.2, G.3

	
	

	
	Y
	N
	
	

	Other specs
	
	x
	 Other core specifications

	TS/TR ... CR ... 

	affected:
	
	x
	 Test specifications
	TS/TR ... CR ... 

	(show related CRs)
	
	x
	 O&M Specifications
	TS/TR ... CR ... 

	
	

	Other comments:
	


**** next change ****
3
Definitions and abbreviations

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 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.

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.
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:

Persistent EPS bearer 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 ****
6A.2.2
Signalling elements

6A.2.2.1
Common SIP message set up procedures

This subclause describes the common procedures for setting up SIP messages sent by SC UE.

6A.2.2.2
SIP INVITE request

When sending a SIP INVITE request, the SC UE shall include the following media feature tags in the Contact header field of the SIP INVITE request according to RFC 3840 [53]:

1)
if the SC UE supports the MSC server assisted mid-call feature, include the g.3gpp.mid-call media feature tag as described in annex C;

2)
if the SC UE supports the PS to CS SRVCC for calls in alerting phase:

A)
include the g.3gpp.srvcc-alerting media feature tag as described in annex C; and

B)
if the SC UE 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;

3)
if the SC UE supports the PS to CS dual radio access transfer for calls in alerting phase:

A)
include the g.3gpp.drvcc-alerting media feature tag as described in annex C; and

B)
if the SC UE supports the PS to CS dual radio access transfer for originating calls in pre-alerting phase, include the g.3gpp.ps2cs-drvcc-orig-pre-alerting media feature tag as described in annex C; and

4)
if the SC UE supports the use of dynamic STN, include the g.3gpp.dynamic-stn media feature tag as described in annex C.

When sending a SIP INVITE request with the Request URI set to an emergency service URN and if the SC UE supports PS to CS DRVCC for emergency session, the SC UE shall include the g.3gpp.dynamic-e-stn-drvcc media feature tag in the Contact header field as described in annex C.

**** next change ****
7.4.2
Call origination procedures at the EATF

When the EATF receives a SIP INVITE requests due to emergency service URN, the EATF shall store the SIP INVITE request until the session is terminated, anchor the session and act as specified for a routeing B2BUA in 3GPP TS 24.229 [2], subclause 5.7.5.2.1.
In addition, if the EATF supports PS to CS DRVCC for emergency session, the SC UE has indicated support for PS to CS DRVCC for emergency session by including the g.3gpp.dynamic-e-stn-drvcc media feature tag, and the P-Access-Network-Info header field in the received SIP INVITE request indicates that a WLAN IPCAN is used on the source access leg, the EATF shall:

NOTE: The coding of the P-Access-Network-Info header field can be found in 3GPP TS 24.229 [2].
a)
generate an E-STN-DR that allows to associate the emergency session on the source access leg with a session transfer INVITE request due to E-STN-DR; and

b)
insert a Feature-Caps header field as described in RFC 6809 [60] with the g.3gpp.dynamic-e-stn-drvcc feature-capability indicator containing the E-STN-DR in in a SIP 200 (OK) response to the INVITE request due to emergency service URN as described in annex C.28.
Editor's note [WI: SEW2-CT, CR#1260]: It is for further study whether network provided PANI, UE provided PANI, or both will be taken into consideration to find out the IPCAN in use..

**** next change ****
9.2.1AAA
SC UE not using ICS procedures for PS to CS access transfer of emergency session

The UE may support PS to CS transfer of an emergency session for which the SIP 2xx response for the initial SIP INVITE request to establish this session has been sent or received.
If an E-STN-DR was received from the EATF in g.3gpp.dynamic-e-stn-drvcc feature-capability indicator in a Feature-Caps header field of a SIP 2xx response to the initial SIP emergency INVITE request as specified in annex C, the SC UE, when transferring the emergency session, shall:

A)
send a CC SETUP message (as specified in 3GPP TS 24.008 [8]) and set up a call over the CS domain. When sending CC SETUP message, the SC UE shall populate the CC SETUP message as follows:

1)
the called party BCD number information element set to the E.164 number of the tel URI from the received E-STN-DR associated with the call to transfer, and
NOTE 1:
 The E-STN-DR only applies to the dialog for which it is received so the UE needs to store the E-STN associated with the dialog on which it was received and upon termination of the dialog (i.e upon sending or receiving a SIP BYE request or SIP CANCEL request) the E-STN-DR associated with the dialog is discarded.

2)
Type Of Number set to "International" and Numbering Plan Indicator set to "E.164" in the Called Party BCD Number information element.
If the SC UE receives a SIP BYE request for a session subject for access transfer and before the access transfer is completed the SC UE shall:

1.
send the SIP 200 (OK) response to the SIP BYE request in accordance with 3GPP TS 24.229 [2]; and

2.
abort the transfer of the session and if the session is an additional session, internally release any reserved CS resources.

NOTE 2:
The access transfer is completed once the SC UE has received CC CONNECT message.

If the SC UE receives a release message to the CC SETUP message sent, then the PS to CS access transfer has not completed successfully and the call will continue in the Source Access Leg.

After successful completion of session transfer, the SC UE shall locally release the resources, if any, that are associated with the speech media component of the emergency session on the source access leg.
**** next change ****
9.9
EATF

9.9.1
EATF procedures for PS to CS session continuity, dual radio session transfer of emergency session
The EATF needs to distinguish the following initial SIP INVITE request to provide specific functionality for dual radio session transfer of IMS emergency session:

1.
SIP INVITE request routed to the EATF due to E-STN-DRVCC in the Request-URI. In the procedures below, such requests are known as "SIP INVITE requests due to E-STN-DRVCC".

Other initial SIP requests can be dealt with in any manner conformant with 3GPP TS 24.229 [2].

When the EATF receives a SIP INVITE request due to E-STN-DRVCC on the Target Access Leg, the EATF shall: 

1.
associate the SIP INVITE request due to E-DRVCC-SR with a source access leg, i.e. an emergency session with active speech media component anchored at the EATF.
NOTE 1:
The EATF has generated the E-STN-DRVCC when the related emergency SIP INVITE requrest was received and has delivered the E-STN-DRVCC to the UE in the SIP 200 (OK) response to the UE.


If no source access leg exists, i.e. no dialog supporting a session with active speech media component exists or if multiple source access legs exist, then the EATF shall send a SIP 480 (Temporarily Unavailable) response to reject the SIP INVITE request due to E-STN-DRVCC; and

2.
originate session modification as described in 3GPP TS 24.229 [2] towards the remote side with a new SDP offer with media characteristics as received in the SIP INVITE request due to E-STN-DRVCC.

Upon reception of the SIP ACK request to the SIP 200 (OK) response to the SIP INVITE request due to E-STN-DRVCC from the target access leg, the EATF shall release the source legs as follows:

1)
if the source access leg is an ongoing session containing only an active media component, send a SIP BYE request on the source access leg in accordance with 3GPP TS 24.229 [2]; or

2)
if the source access leg contains media components other than speech media component, send a SIP re-INVITE request to update the source access leg in accordance with 3GPP TS 24.229 [2].
NOTE 2:
Delaying the release of the source access leg as described above allows an SC UE to reuse the PS dialog in case of PS to CS DRVCC cancellation.
**** next change ****
C.28
Definition of feature-capability indicator g.3gpp.dynamic-e-stn-drvcc
Editor's note [WID SEW2-CT, CR#1260]: This feature-capability indicator is to be registered with IANA when release 14 is completed.

Feature-capability indicator name: g.3gpp.dynamic-e-stn-drvcc
Summary of the feature indicated by this feature-capability indicator: 

This feature-capability indicator, when included in a Feature-Caps header field as specified in IETF RFC 6809 [60] in a SIP response to a SIP INVITE request, indicates support to transfer the session to the circuit switched (CS) domain using the Emergency Session Transfer Number for DRVCC digit string.

Feature-capability indicator specification reference:

3GPP TS 24.237, http://www.3gpp.org/ftp/Specs/archive/24_series/24.237/

Values appropriate for use with this feature-capability indicator: 
String with an equality relationship. When used in a Feature-Caps header field in a SIP response, the value is string containing the digit string in tel URI format of the Emergency Session Transfer Number for DRVCC to be used to establish a CS call in order to transfer the session to the CS domain following the syntax as described in table C.18-1 for g-3gpp-dynamic- e-stn-drvcc.

Table C.18-1: ABNF syntax of values of the g.3gpp. dynamic-e-stn-drvcc feature-capability indicator

g-3gpp-dynamic-e-stn-drvcc = TEL-URI

TEL-URI = "<tel:" global-number-digits ">" ; global-number-digits as specified in IETF RFC 3966[79]
The feature-capability indicator is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature-capability indicator is used to indicate support to transfer the session to the CS domain using the digit string of the Emergency Session Transfer Number for DRVCC.

Examples of typical use: Indicating the support to transfer the session to the CS domain in a SIP response to the SIP INVITE request and providing the dynamic Emergency Session Transfer Number for DRVCC digit string to be used to establish the CS call.

Security Considerations: Security considerations for this feature-capability indicator are discussed in clause 9 of IETF RFC 6809 [60].
**** next change ****
C.29
Definition of media feature tag g.3gpp.dynamic-e-stn-drvcc
Media feature-tag name: g.3gpp. dynamic-e-stn-drvcc
ASN.1 Identifier: 1.3.6.1.8.2.x

Editor's note [WID SEW2-CT, CR#1260]: The ASN.1 Identifier will need to be updated once the IANA registration is completed.

Editor's note [WID SEW2-CT, CR#1260]: This media feature tag is to be registered with IANA when the release 14 is completed.

The g.3gpp.dynamic-stn media feature tag shall be registered in the IANA Media Feature Tags registry "features.global-tree" sub-registry.

Summary of the media feature indicated by this tag: This media feature-tag when used in a Contact header field of a SIP request or a SIP response indicates that the functional entity sending the SIP message supports the use of dynamic-e-stn-drvcc.
Values appropriate for use with this feature-tag: Boolean
The feature-tag is intended primarily for use in the following applications, protocols, services, or negotiation mechanisms: This feature-tag is most useful in a communications application, for describing the capabilities of a device, such as a phone or PDA.
Examples of typical use: Indicating that the user equipment supports the use of dynamic STN.

Related standards or documents: 3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3"

Security Considerations: Security considerations for this media feature-tag are discussed in subclause 12.1 of IETF RFC 3840 [34]. 
**** Next change ****
G.2
SC UE indications of support of access transfer features towards the network

Table G.2-1: SC UE indications of support of access transfer features to the network

	Access Transfer Feature (NOTE 1)
	 SC UE indication of support to the network

	PS to CS SRVCC (Single Active Call)
	The SC UE includes a capability indicator (included by the lower layers) during UE attach and updating procedures (see 3GPP TS 24.301 [52] and 3GPP TS 24.008 [8]).

	PS to CS SRVCC with MSC server assisted mid-call feature


	The SC UE includes the "g.3gpp.mid-call" media feature tag in the Contact header of the initial SIP INVITE request.

Upon receiving a SIP INVITE request including the g.3gpp.mid-call feature-capability indicator in the Feature-Caps header field, the SC UE includes the "g.3gpp.mid-call media feature" tag in the Contact header field of the SIP 2xx response. 

	PS to CS SRVCC for calls in alerting phase
	The SC UE includes the "g.3gpp.srvcc-alerting" media feature tag in the Contact header of the initial SIP INVITE request.

Upon receiving a SIP INVITE request including the "g.3gpp.srvcc-alerting" feature-capability indicator in the Feature-Caps header field, the SC UE includes the "g.3gpp.srvcc-alerting" media feature tag in the Contact header field of the SIP1xx and SIP 2xx responses.

	PS to CS SRVCC for originating calls in pre-alerting phase
	The SC UE includes the "g.3gpp.ps2cs-srvcc-orig-pre-alerting" media feature tag in the Contact header of the initial SIP INVITE request.

	CS to PS SRVCC (Single Active Call)
	The SC UE includes a capability indicator (included by the lower layers) during UE attach and updating procedures (see 3GPP TS 24.008 [8]) in order to inform the BSS of CS to PS SRVCC support from GERAN.

The SC UE includes the "g.3gpp.cs2ps-srvcc" media feature tag in the Contact header field of the SIP REGISTER request.

	CS to PS SRVCC with MSC server assisted mid-call feature
	The SC UE includes an Accept header in the SIP INVITE request due to STI-rSR containing the application/vnd.3gpp.mid-call+xml MIME type for support of the additional session transfer.

	CS to PS SRVCC for calls in the alerting phase
	The SC UE includes the "g.3gpp.cs2ps-srvcc-alerting" media feature tag in the Contact header field of the SIP REGISTER request. 

The SC UE includes an Accept header in the SIP INVITE request due to STI-rSR containing the application/vnd.3gpp.state-and-event-info+xml for support of the alerting session transfer.

	PS to CS dual radio access transfer (single active call)


	For support of access transfer for an SC UE without ICS capabilities, the SC UE uses a dynamic STN for the access transfer if it supports the use of dynamic STN and receives the dynamic STN from the SCC AS. Otherwise, the SC UE uses a static STN.

The SC UE indicates support for the dynamic STN by including the "g.3gpp.dynamic-stn" media feature tag in the Contact header of the initial SIP INVITE request and in the Contact header of SIP 1xx and SIP 2xx responses to the SIP INVITE request. 

Upon receiving the dynamic STN in the "g.3gpp.dynamic-stn" feature-capability indicator in the Feature-Caps header field of a SIP INVITE request, SIP 1xx or SIP 2xx response, and the SC supports the use of the dynamic STN, the SC UE replaces the static STN with the dynamic STN.

	PS to CS dual radio access transfer with MSC server assisted mid-call feature
	The SC UE includes the "g.3gpp.mid-call" media feature tag in the Contact header of the initial SIP INVITE request.

Upon receiving a SIP INVITE request including the "g.3gpp.mid-call" feature-capability indicator in the Feature-Caps header field, the SC UE includes the "g.3gpp.mid-call media" feature tag in the Contact header field of the SIP 2xx response.

	PS to CS dual radio access transfer for calls in alerting phase
	The SC UE includes the "g.3gpp.drvcc-alerting" media feature tag in the Contact header of the initial SIP INVITE request.

Upon receiving a SIP INVITE request including the "g.3gpp.drvcc-alerting" feature-capability indicator in the Feature-Caps header field, the SC UE includes the "g.3gpp.drvcc-alerting media" feature tag in the Contact header field of all SIP 18x responses to the SIP INVITE request.

	PS to CS dual radio access transfer for originating calls in pre-alerting phase
	The SC UE includes the "g.3gpp.ps2cs-drvcc-orig-pre-alerting" media feature tag in the Contact header field of the initial SIP INVITE request.

	CS to PS dual radio access transfer (single active call)
	The SC UE uses a dynamic STI for the access transfer if it is configured to use ICS capabilities. Otherwise, the SC UE uses a static STI.

	CS to PS dual radio access transfer with MSC server assisted mid-call feature
	The SC UE includes an Accept header in the SIP INVITE request for static STI containing the application/vnd.3gpp.mid-call+xml MIME type, for support of the additional session transfer.

	CS to PS dual radio access transfer for calls in the alerting phase
	The SC UE (not using ICS capabilities) includes the "g.3gpp.cs2ps-drvcc-alerting" media feature tag in the Contact header field of the SIP INVITE request for static STI.

	CS to PS dual radio access transfer for originating calls in the pre-alerting phase
	The SC UE (not using ICS capabilities) includes the "g.3gpp.cs2ps-drvcc-orig-pre-alerting" media feature tag in the Contact header field of the SIP INVITE request for static STI. 

	PS to PS acess transfer
	When the "PS to PS STI" is configured, the SC UE includes the "g.3gpp.pstops-sti" media feature tag in the Contact header field of a SIP REGISTER request.

	PS to CS dual radio access transfer for emergency session
	The SC UE includes the “g.3gpp.dynamic-e-stn-drvcc“ media feature tag in the Contact 

	NOTE 1:
ICS capabilities can be used by the SC UE for support of access transfer. Configuration for ICS is specified in 3GPP TS 24.292 [4].


**** Next change ****
G.3
Network indications of support of access transfer features towards the SC UE

Table G.3-1: Network indications of support of access transfer features to the SC UE

	Access Transfer Feature

 
	 SCC AS, ATCF and EATF indication of support to the SC UE

	PS to CS SRVCC (Single Active Call)
	The SCC AS indicates to the SC UE that a session is anchored in the SCC AS by including the "g.3gpp.srvcc" feature capability indicator in the Feature-Caps header field of an initial SIP INVITE request and in a SIP 1xx response or SIP 2xx response to an initial SIP INVITE request towards the SC UE. 

When the ATCF decides to include itself for access transfer of sessions, then upon receiving a SIP 2xx response to the SIP REGISTER request sent from the SC UE, the ATCF includes the g.3gpp.atcf feature-capability indicator containing the STN-SR allocated to ATCF in the Feature-Caps header field.


	PS to CS SRVCC with MSC server assisted mid-call feature


	The SCC AS includes the "g.3gpp.mid-call" feature-capability indicator in the Feature-Caps header field of an initial SIP INVITE request due to terminating filter criteria towards the SC UE.

Upon receiving a SIP INVITE request due to originating filter criteria including the "g.3gpp.mid-call" media feature tag in the Contact header field, the SCC AS includes the "g.3gpp.mid-call" capability indicator in the Feature-Caps header field of the SIP 1xx and SIP 2xx responses.



	PS to CS SRVCC for calls in alerting phase
	The SCC AS includes the "g.3gpp.srvcc-alerting" feature-capability indicator in the Feature-Caps header field of an initial SIP INVITE request due to terminating filter criteria towards the SC UE.

Upon receiving a SIP INVITE request due to originating filter criteria including the "g.3gpp.srvcc-alerting" media feature tag in the Contact header field, the SCC AS includes the "g.3gpp.srvcc-alerting" capability indicator in the Feature-Caps header field of the SIP 1xx and SIP 2xx responses.



	PS to CS SRVCC for originating calls in pre-alerting phase
	Upon receiving a SIP INVITE request due to originating filter criteria including the "g.3gpp.ps2cs-srvcc-orig-pre-alerting" media feature tag in the Contact header field, the SCC AS includes the "g.3gpp.ps2cs-srvcc-orig-pre-alerting" capability indicator in the Feature-Caps header field of the SIP 1xx and SIP 2xx responses.



	CS to PS SRVCC (Single Active Call)
	Upon receiving a SIP REGISTER request including the "g.3gpp.cs2ps-srvcc" media feature tag in the Contact header field, then on receiving the SIP 2xx response to the SIP REGISTER request, the ATCF includes the "g.3gpp.cs2ps-srvcc" feature-capability indicator in the Feature-Caps header field of the SIP 2xx response.


	CS to PS SRVCC with MSC server assisted mid-call feature
	None.



	CS to PS SRVCC for calls in alerting phase
	None.

	PS to CS dual radio access transfer (single active call)


	For support of access transfer for an SC UE without ICS capabilities the SC UE is configured with a static STN as defined in the Communication Continuity Management Object in 3GPP TS 24.216 [5]. However, the SCC AS can send a dynamic STN to the SC UE to replace the static STN.

Upon receiving a SIP INVITE request due to originating filter criteria including the "g.3gpp.dynamic-stn" media feature tag in the Contact header field, and the SCC AS supports use of the dynamic STN, the SCC AS includes the dynamic STN in the "g.3gpp.dynamic-stn" feature-capability indicator in the Feature-Caps header field of SIP 1xx and SIP 2xx responses.

Upon receiving a SIP INVITE request due to terminating filter criteria, and the SCC AS supports use of the dynamic STN, the SCC AS includes the dynamic STN in the "g.3gpp.dynamic-stn" feature-capability indicator in the Feature-Caps header field of the SIP INVITE request towards the SC UE.

	PS to CS dual radio access transfer with MSC server assisted mid-call feature
	The SCC AS includes the "g.3gpp.mid-call" feature-capability indicator in the Feature-Caps header field of an initial SIP INVITE request due to terminating filter criteria towards the SC UE.

Upon receiving a SIP INVITE request due to originating filter criteria including the "g.3gpp.mid-call" media feature tag in the Contact header field, the SCC AS includes the "g.3gpp.mid-call" capability indicator in the Feature-Caps header field of the SIP 2xx response.

	PS to CS dual radio access transfer for calls in alerting phase
	The SCC AS includes the "g.3gpp.drvcc-alerting media" feature-capability indicator in the Feature-Caps header field of an initial SIP INVITE request due to terminating filter criteria towards the SC UE.

Upon receiving a SIP INVITE request due to originating filter criteria including the 
"g.3gpp.drvcc-alerting media" feature tag in the Contact header field, the SCC AS includes the "g.3gpp.drvcc-alerting" feature-capability indicator in the Feature-Caps header field of SIP 1xx and SIP 2xx responses.

	PS to CS dual radio access transfer for originating calls in pre-alerting phase
	Upon receiving a SIP INVITE request due to originating filter criteria including the "g.3gpp.ps2cs-drvcc-orig-pre-alerting" media feature tag in the Contact header field of the initial SIP INVITE request, the SCC AS includes the "g.3gpp.ps2cs-drvcc-orig-pre-alerting" feature-capability indicator in the Feature-Caps header field of SIP 1xx and SIP 2xx responses.

	CS to PS dual radio access transfer (single active call)
	For support of access transfer for an SC UE without ICS capabilities, the SC UEis configured with a static STI as defined in the Communication Continuity Management Object in 3GPP TS 24.216 [5]. For support of access transfer for an SC UE with ICS capabilities, the SCC AS assigns a dynamic STI.

	CS to PS dual radio access transfer with MSC server assisted mid-call feature
	Upon receiving a SIP INVITE request due to static STI containing the"g.3gpp.mid-call" media feature tag and further upon receiving the SIP 2xx response to the SIP re-INVITE request (that was sent to the remote UE) the SCC AS includes the "g.3gpp.mid-call" feature-capability indicator in the Feature-Caps header field of the SIP 2xx response.

	CS to PS dual radio access transfer for calls in the alerting phase
	Upon receiving a SIP INVITE request due to static STI containing the "g.3gpp.cs2ps-drvcc-alerting" media feature tag and further upon receiving the SIP 2xx response to the SIP re-INVITE request (that was sent to the remote UE), the SCC AS includes the "g.3gpp.cs2ps-drvcc-alerting" feature-capability indicator in the Feature-Caps header field of the SIP 2xx response to the SIP INVITE request due to static STI.

	CS to PS dual radio access transfer for originating calls in the pre-alerting phase
	Upon receiving a SIP INVITE request due to static STI containing the "g.3gpp.cs2ps-drvcc-orig-pre-alerting " media feature tag and further upon receiving the SIP 2xx response to the SIP re-INVITE request (that was sent to the remote UE), the SCC AS includes the "g.3gpp.cs2ps-drvcc-orig-pre-alerting " feature-capability indicator in the Feature-Caps header field of the SIP 2xx response to the SIP INVITE request due to static STI. 

	PS to PS acess transfer
	The SC UE is configured with a "PS to PS STI" as defined in the Communication Continuity Management Object (MO) in 3GPP TS 24.216 [5].

	PS to CS dual radio access transfer for emergency session
	Upon receiving a SIP INVITE request with an emergency URN containing the "g.3gpp.dynamic-e-stn-drvcc, the EATF includes the “g.3gpp.dynamic-e-stn-drvcc” feature-capability indicator in the Feture-Caps header field of the SIP 2xx response the the SIP INVITE request with an emergency URN .


