Page 1



3GPP TSG-CT WG1 Meeting #64
(C1-101630
Kyoto (Japan), 10-14 May 2010
	CR-Form-v9.6

	CHANGE REQUEST

	

	(
	24.237
	CR
	0283
	(
rev
	-
	(
Current version:
	9.2.0
	(

	

	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:
(
	SRVCC corrections

	
	

	Source to WG:
(
	Ericsson, ST-Ericsson

	Source to TSG:
(
	C1

	
	

	Work item code:
(
	IMS_SCC-SPI
	
	Date: (
	02/05/2010

	
	
	
	
	

	Category:
(
	F
	
	Release: (
	Rel-9

	
	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)

	
	

	Reason for change:
(
	The following errors were found in the document:
- 12.3.1 - the SCC AS all drop the superfluous sessions.
- 12.4 - the modifications are given on top of the subclause 9.4 rather than on 29.292/24.292
- 12.5.1 - the emergency access transfer applies to initial SIP INVITE request only, it is not supposed to apply to re-INVITEs
- 12.6.1 + 12.6.2 - the MSC Server is not required to provided SDP offer



	
	

	Summary of change:
(
	- 12.3.1 - the SCC AS shall drop the superfluous sessions.
- 12.4 - the modifications are given on top of the subclause 9.4
- 12.5.1 - the emergency access transfer applies to initial SIP INVITE request only

- 12.6.1 + 12.6.2 - the MSC Server provides SDP offer



	
	

	Consequences if 
(
not approved:
	interoperability problem due to not clear whether the SCC AS is required to drop the superfluous sessions or not
interoperability problem due to not clear to which CS calls the MSC Server assigns the transaction identifiers

interoperability problem due to MSC Server not including SDP offer to the INVITE requests.



	
	

	Clauses affected:
(
	12.3.1, 12.4, 12.5.1, 12.6, A.15.3

	
	

	
	Y
	N
	
	

	Other specs
(
	
	x
	 Other core specifications
(
	

	affected:
	
	x
	 Test specifications
	

	
	
	x
	 O&M Specifications
	

	
	

	Other comments:
(
	


****************** change 1 ******************

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. However, the SCC AS does not initiate release for Source Access Leg unless after some specific time defined by the operator policy.

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].
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.

****************** change 2 ******************

12.4
MSC server enhanced for ICS

If the MSC server supports MSC Server assisted mid-call services feature, the MSC server shall be an MSC server enhanced for ICS as specified in 3GPP TS 29.292 [18] and 3GPP TS 24.292 [4] and apply procedures as described in subclause 9.4 with following modifications:

1.
if two sessions are transferred, associate the SIP INVITE request for an additional inactive session with CS call with transaction identifier 1 and TI flag value as in mobile terminated call; and
NOTE:
The active session transaction identifier value is described in 3GPP TS 24.008 [8]

2.
if single session is transferred and all the media in the SDP answer of the SIP 2xx response to the SIP INVITE request have directionality inactive, associate the SIP INVITE request for the session with CS call with transaction identifier 0 and TI flag value as in mobile terminated call.

The MSC server shall consider session with audio media:
-
which has "sendonly" or "inactive" directionality as inactive; and

-
which has "recvonly" or "sendrecv" directionality as active;

in this subclause and in the referenced subclauses.
****************** change 3 ******************

12.5.1
EATF procedures for PS to CS session continuity, E-SR-VCC

The EATF needs to distinguish between the following initial SIP INVITE requests to provide specific functionality for E-SR-VCC:

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

NOTE:
The same E-STN-SR is used for all the emergency session access transfers within one PLMN.

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-SR on the Target Access Leg, the EATF shall: 

1.
associate the SIP INVITE request due to E-STN-SR with a source access leg, i.e. an existing SIP session anchored at the EATF with the instance-id media feature tag provided by the SC UE in the Contact header field at session establishment equal to the instance-id media feature tag included in the Contact header field of the received SIP INVITE request. If no source access leg 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-SR; and

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

Upon receiving the SIP ACK request from the Target Access Leg, the EATF shall release the source access leg as described in 3GPP TS 24.229 [2].

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

12.6
MSC server enhanced for SRVCC using SIP interface

12.6.1
Session transfer from MSC server enhanced for SRVCC using SIP interface

When an MSC server enhanced for SRVCC using SIP interface receives an indication for a session transfer as described in 3GPP TS 23.216 [49], then the MSC server enhanced for SRVCC using SIP interface shall initiate a SIP INVITE request and shall:

1)
set the request URI to the STN-SR for the speech session to be transferred;
2)
set the P-Asserted-Identity header field to the Correlation MSISDN; and

3)
SDP offer.
If the MSC server enhanced for SRVCC using SIP interface applies the MSC Server assisted mid-call features then in addition to the procedures in this subclause it shall support the procedures defined in subclause 12.4.

12.6.2
Emergency session transfer from MSC server enhanced for SRVCC using SIP interface

When an MSC server enhanced for SRVCC using SIP interface receives an indication for a session transfer for an emergency session as described in 3GPP TS 23.216 [49], then the MSC server enhanced for SRVCC using SIP interface shall initiate a SIP INVITE request and shall:

1)
set the request URI to the E-STN-SR for the speech session to be transferred;

2)
include the instance-id feature tag as specified in IETF RFC 5626 [22] with a value based on the IMEI as defined in 3GPP TS 23.003 [12] in the Contact header field; 
3)
set the P-Asserted-Identity header field to the Correlation MSISDN if one is available; and

4)
SDP offer.
