Page 1



3GPP TSG CT Meeting #50 
(
CP-100863

Istanbul, TURKEY, 8 – 10 December 2010












was C1-104905

	CR-Form-v9.7

	CHANGE REQUEST

	

	(

	24.237
	CR
	0362
	(

rev
	2
	(

Current version:
	10.0.0
	(


	

	For HELP on using this form look at the pop-up text over the (
 symbols. Comprehensive instructions on how to use this form can be found at http://www.3gpp.org/specs/CR.htm.

	


	Proposed change affects:
(

	UICC apps(

	
	ME
	
	Radio Access Network
	
	Core Network
	x


	

	Title:
(

	SCC AS procedures for SRVCC alerting state

	
	

	Source to WG:
(

	Nokia Siemens Networks, ZTE

	Source to TSG:
(

	CT1-Chairman

	
	

	Work item code:
(

	aSRVCC
	
	Date: (

	04/11/2010

	
	
	
	
	

	Category:
(

	B
	
	Release: (

	Rel-10

	
	Use one of the following categories:
F  (correction)
A  (corresponds to a correction 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:
R99
(Release 1999)
Rel-4
(Release 4)
Rel-5
(Release 5)
Rel-6
(Release 6)
Rel-7
(Release 7)
Rel-8
(Release 8)
Rel-9
(Release 9)
Rel-10
(Release 10)
Rel-11
(Release 11)
Rel-12
(Release 12)

	
	

	Reason for change:
(

	Procedures for SCC AS to support SRVCC in alerting state are not described yet.

	
	

	Summary of change:
(

	Introduce procedures for SCC AS to support access transfer from PS to CS for sessions where the dialog is in early state, i.e. in alerting state. 

	
	

	Consequences if 
(

not approved:
	Feature is not avaialble

	
	

	Clauses affected:
(

	12.3.1, 12.3.4 (new), 12.3.4.1 (new), 12.3.4.2 (new), 12.3.4.3 (new)

	
	

	
	Y
	N
	
	

	Other specs
(

	
	x
	 Other core specifications
(

	

	affected:
	
	x
	 Test specifications
	

	
	
	x
	 O&M Specifications
	

	
	

	Other comments:
(

	


**** 1st change ****
12.3
SCC AS
12.3.1
SCC AS procedures for PS to CS access transfer, SR-VCC

The SCC AS needs to distinguish between the following SIP INVITE requests to provide specific functionality for SR-VCC:

-
SIP INVITE request routed to the SCC AS due to a STN-SR belonging to the subscribed user in the Request-URI. These SIP INVITE requests originate from the MSC server. In the procedures below, such requests are known as "SIP INVITE requests due to STN-SR".

-
SIP re-INVITE request routed to the SCC AS containing one or more already existing media lines for audio indicate a CS bearer. In the procedures below, such requests are known as "SIP re-INVITE requests adding ICS control".

-
SIP re-INVITE request routed to the SCC AS containing one or more already existing media lines for audio indicate the port set to "0". In the procedures below, such requests are known as "SIP re-INVITE requests for non-ICS control".

When the SCC AS receives a SIP INVITE request due to STN-SR on the Target Access Leg, and the SCC AS does not apply MSC Server assisted mid-call feature as described in subclause 12.3.2, the SCC AS shall: 
-
follow the PS-CS access transfer procedures specified in subclause 9.3.2 for the session with active full-duplex speech component that was most recently made active and the related dialog is in confirmed state; and

-
if the SCC AS supports SRVCC for calls in alerting phase than follow the PS-CS access transfer procedures specified in subclause 12.3.4 for the session with active full duplex speech component and the related dialog is in early state.
The SCC AS shall initiate the release for the Source Access Leg only after an operator specific timer has been expired. 
If the SCC AS has sent a SIP 480 (Temporarily Unavailable) response to reject a SIP INVITE request due to STN-SR on the Target Access Leg:
1)
if the speech media flow to be transferred was the only media flow in the SIP dialog, the SCC AS shall release the remote leg as specified in 3GPP TS 24.229 [2]; or
2)
if the SIP dialog contains other media flows than the active speech flow, the SCC AS shall modify the remote leg and remove the speech media flow, as specified in 3GPP TS 24.229 [2].
Editor's Note: [TEI10] Potential overlap and interaction of the above procedure with abnormal case handling requires further study.

When the SCC AS receives a SIP re-INVITE request for adding ICS control, the SCC AS shall follow the procedures as described for ICS using Gm in subclause 13.3.2.

NOTE:
When using the ICS controlled CS bearer, only one audio call can be active at a time. Nevertheless, several calls can be held in parallel. If the user decides to switch to another (previously held) call, the ICS controlled CS bearer is re-used for this call. Therefore no specific procedures for handling of held calls in the case of ICS controlled CS bearer are needed.

When the SCC AS receives a SIP re-INVITE for non-ICS control, the SCC AS shall follow the media removal procedures as specified in subclause 13.3.1.
Unless the MSC Server assisted mid-call feature applies, as only the most recent active audio call is transferred from PS to CS audio, the SCC AS shall drop all other previously existing audio session from this UE and indicate them accordingly in the SDP Offer sent within SIP re-INVITE requests towards the remote UE.
**** next change ****

12.3.4
SCC AS procedures for PS to CS access transfer when call is in alerting phase
Editor’s Note:
[TEI10] It is currently not decided yet as to whether SRVCC in alerting phase can be supported as a standalone feature or whether in addition to the procedures specified in this sub-clause it requires support for MSC-server-assisted mid call feature. Based on that decision, the documentation in sub-clause 12.3.4 may need to be restructured so that it is only applicable as part of the MSC-server-assisted-mid-call feature. 

12.3.4.1
General
The SCC AS shall apply the procedures for access transfer for calls in alerting phase if: 
1.
the Contact header field of the SIP INVITE request routed to the SCC AS due to a STN-SR includes the g.3gpp.srvcc-alerting media feature tag as specified in annex C;
2.
there is only one dialog a supporting a session with active audio media call existing for the served user identified in the P-Asserted-Identity header field and the dialog is an early dialog and the Contact header field provided by the SC UE includes the g.3gpp.srvcc-alerting media feature tag as described in annex C;
3.
the SCC AS supports the access transfer of calls in alerting state according to operator policy; and

4.
the SCC AS is aware that all MSC Servers in the network where the UE is registered which can be involved in the SRVCC procedures support the transfer calls in alerting phase.

Editor's Note: [TEI10] The exact coding of the feature tag to indicate support for srvcc-alerting is ffs.
Editor's Note: [TEI10] Further study needed as to how the UE indicates srvcc-alerting support for call waiting cases..

12.3.4.2
SCC AS procedures for PS to CS access transfer for terminating call in alerting phase using SRVCC procedure

When the SCC AS applies procedures for access transfer for calls in alerting phase, and receives a SIP INVITE request due to STN-SR on the Target Access leg, the SCC AS shall associate the SIP INVITE request with an early dialog supporting a session for the user identified in the P-Asserted-Identity header field.
If the session is a terminating session in early dialog state available for the served user, the SCC AS shall update the remote leg by sending a SIP UPDATE request towards the remote UE using the existing established dialog according as specified in 3GPP TS 24.229 [2]. Upon receiving the SIP 200 (OK) response to the SIP UPDATE request from the remote UE, the SCC AS shall send a SIP 183 (Session Progress) response in response to the SIP INVITE due to STN-SR towards the MSC server.
Upon receiving the SIP PRACK request from the MSC Server, the SCC AS shall send a SIP INFO request towards the MSC server as specified in 3GPP TS 24.229 [2] and draft-ietf-sipcore-info-events [54] in the dialog created by the SIP INVITE request due to static STN. The SCC AS shall populate the SIP INFO request as follows:

1.
include the Info-Package header field as specified in draft-ietf-sipcore-info-events [54] with 3gpp.state-and-event info package name; and

2.
include an application/vnd. 3gpp.state-and-event-info +xml XML body compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "early" and the direction XML element containing "receiver".
Upon receiving the SIP INFO request which includes an XML body compliant to the XML schema specified in the annex F.1.2 from the MSC Server with the event XML element containing "call-accepted", the SCC AS shall send as specified in 3GPP TS 24.229 [2]:
1)
 a SIP 200 (OK) response to the SIP INVITE request received earlier from the remote UE indicating that the called party has answered the call; and
2)
 a SIP 200 (OK) response to the SIP INVITE request due to STN-SR towards the MSC server to indicate the successful access transfer. 
Editor's Note: [TEI10] Further study is required whether error procedures need to be described. This may be required for cases where the SIP INFO request is not received, or for cases were the INFO request contains a malformed body. Other error scenrios are INFO request received but not expected.
Upon receiving the SIP ACK request from the IM CN subsystem, then 
1)
if the SCC AS had previously received a SIP 200 (OK) response to the dialog that was previously in early state, from the SC UE, the SCC AS shall send a SIP ACK request to the SC UE; and

NOTE 1:
The condition above covers the case where the UE answers the call in the PS domain prior to the completion of the handover to the CS domain, whilst the SCC AS is applying the PS to CS access transfer procedure specified above, 

2)
if the source access leg contains only one audio media components, the SCC AS shall initiate release of the source access leg by sending a SIP CANCEL request toward the S-CSCF for sending to the served SC UE. The SCC AS shall send the SIP CANCEL request only after an operator specific timer has expired.
NOTE 2:
Delaying the SIP CANCEL request as described above allows an ICS UE to add Gm control if needed and an SC UE to reuse the PS dialog in case of SRVCC cancellation.
If the SCC AS receives a SIP 200 (OK) response to the dialog that was previously in early state, from the SC UE whilst the SCC AS is applying the PS to CS access transfer procedure specified above, the SCC AS does not confirm reception of the SIP 200 (OK) response with a SIP ACK request and performs no actions on dialogs with the remote party and with the MSC server.
12.3.4.3
SCC AS procedures for PS to CS access transfer for originating call in alerting phase using SRVCC procedure

When the SCC AS applies procedures for access transfer for calls in alerting phase, and receives a SIP INVITE request due to STN-SR on the Target Access leg, the SCC AS shall associate the SIP INVITE request with an early dialog supporting a session for the user identified in the P-Asserted-Identity header field.
If the session is a terminating session in early dialog state available for the served user, the SCC AS shall update the remote leg by sending a SIP UPDATE request towards the remote UE using the existing established dialog as specified in 3GPP TS 24.229 [2]. Upon receiving the SIP 200 (OK) response to the SIP UPDATE request from the remote UE, the SCC AS shall send a SIP 183 (Session Progress) response in response to the SIP INVITE due to STN-SR towards the MSC server; 
Upon receiving the SIP PRACK request from the MSC Server, the SCC AS shall send a SIP INFO request towards the MSC server as specified in 3GPP TS 24.229 [2] and draft-ietf-sipcore-info-events [54] in the dialog created by the SIP INVITE request due to static STN. The SCC AS shall populate the SIP INFO request as follows:

1.
include the Info-Package header field as specified in draft-ietf-sipcore-info-events [54] with 3gpp.state-and-event info package name; and

2.
include application/vnd. 3gpp.state-and-event-info +xml XML body containing a XML body compliant to the XML schema specified in the annex D.2 with the state-info XML element containing "early" the direction XML element containing "initiator".

Upon receiving the SIP ACK request from the IM CN subsystem, and if the source access leg contains only one audio media components initiate release of the source access leg by sending a 404 (Not Found) response toward the S-CSCF for sending to the served SC UE . The SCC AS shall send the SIP 404 (Not Found) response only after an operator specific timer has expired.
NOTE:
Delaying the SIP 404 (Not Found) response as described above allows an ICS UE to add Gm control if needed and an SC UE to reuse the PS dialog in case of SRVCC cancellation.
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