Page 1



3GPP TSG CT WG1 Meeting #57
C1-090920
San Antonio (TX), USA, 9-19 February 2009
	CR-Form-v9.4

	CHANGE REQUEST

	

	(

	24.237
	CR
	0006
	(

rev
	1
	(

Current version:
	8.0.0
	(


	

	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
	X
	Radio Access Network
	
	Core Network
	X


	

	Title:
(

	Session transfer when PS session exists in target access

	
	

	Source to WG:
(

	Qualcomm Europe

	Source to TSG:
(

	C1

	
	

	Work item code:
(

	IMS-Cont
	
	Date: (

	22/01/2009

	
	
	
	
	

	Category:
(

	F
	
	Release: (

	Rel-8

	
	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)

	
	

	Reason for change:
(

	In SA2 approved CR S2-087944, it has been clarified that if the PS access leg exists in the target network, then the UE can use the existing let to perform the transfer instead of establishing a new Target Access Leg. 
In this CR, we provide update to stage 3 procedures to handle such scenarios.

	
	

	Summary of change:
(

	· Add procedures in transfer to PS cases to cover the case when the dialog already exists.
· Added editor's note when PS+CS to PS case with no ICS, the R-URI in the re_INVITE and UPDATE will not be able to convey enough information on whether to transfer CS access leg.

	
	

	Consequences if 
(

not approved:
	Incomplete specification.

	
	

	Clauses affected:
(

	9.2.2, 10.2.1, 10.2.2, 11.2.1.2, 11.2.1.3, 11.2.2.2, 11.2.2.3

	
	

	
	Y
	N
	
	

	Other specs
(

	
	X
	 Other core specifications
(

	

	affected:
	
	X
	 Test specifications
	

	
	
	X
	 O&M Specifications
	

	
	

	Other comments:
(

	


*** First Change ***

9.2.2
SC UE procedures for CS to PS session continuity

The SC UE may be engaged in one or more ongoing sessions before performing session continuity. By an ongoing session, it is meant a CS call for which the CS call setup procedure is complete, e.g. CC CONNECT message has been sent or received as described in 3GPP TS 24.008 [8] or a call for which the 2xx response for the initial SIP INVITE request to establish this session has been sent or received. 
If not already IMS registered, the SC UE shall follow the procedures specified in subclause 6.1 to perform IMS registration over the Target Access Leg before performing CS to PS session continuity.

If the original sessions are established using ICS capabilities, the SC UE shall send:

· a SIP INVITE request to the SCC AS in accordance with 3GPP TS 24.229 [2] for each session to be transferred and starting the active session, if there is no active session on the Target Access Leg related to the session being transferred; and

· a SIP re-INVITE request or a SIP UPDATE request over the existing session on the Target Access Leg in accordance with 3GPP TS 24.229 [2], if there exists an active session (e.g. as a result of previous partial session transfer) on the Target Access leg related to the session being transferred. The SC UE shall populate the SIP re-INVITE request and the SIP UPDATE request without any Replaces header or Target-Dialog header.
The SC UE shall populate the SIP INVITE request as specified for PS-PS session continuity with full media transfer in subclause 10.2.1. The SC UE shall populate the SIP re-INVITE request or SIP UPDATE request as specified for PS-PS session continuity with partial media transfer in subclause 10.2.2. The SC UE shall populate the SIP re-INVITE request and the SIP UPDATE request without any Replaces header or Target-Dialog header.
If the original sessions are not established using ICS capabilities, then session continuity is only possible when the SC UE is active in a single full-duplex speech session. If multiple full-duplex speech sessions exist, the SC UE shall first initiate the release of all the ongoing sessions that are currently not active. When transferring the active session, the SC UE shall send a SIP INVITE request to the SCC AS in accordance with 3GPP TS 24.229 [2] subclause 5.1. The SC UE shall populate the SIP INVITE request as specified for PS-PS session continuity with full media transfer in subclause 10.2.1 with the following differences:

1)
the Request-URI set to the tel URI of the static STI.

If the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request, then session transfer has not occurred and the call will continue in the CS domain.

When the SC UE receives a CS call release message, e.g. CC DISCONNECT message as specified in 3GPP TS 24.008 [8], from the network, the SC UE shall comply with network initiated call release procedures to release the CS bearer. When CC_DISCONNECT message is received, the SC UE shall comply with the network initiated call release procedures as specified in 3GPP TS 24.008 [8].
*** Next Change ***

10.2.1
Full session transfer
To initiate PS-PS session continuity for a session, the SC UE shall send:

· a SIP INVITE request over the Target Access Leg in accordance with 3GPP TS 24.229 [2], if there is no active session on the Target Access Leg related to the session being transferred; and
· a SIP re-INVITE request or a SIP UPDATE request over the existing session on the Target Access Leg in accordance with 3GPP TS 24.229 [2] if there exists an active session (e.g. as a result of previous partial session transfer) on the Target Access leg related to the session being transferred. 
.
The SIP INVITE request shall be populated as follows:

-.
the Request-URI set to the URI contained in the Contact header field returned at the creation of the dialog over the Source Access Leg;
-.
select one of the following options:

1.
if usage of SIP Replaces extension is selected:

a.
the Replaces header field populated as specified in IETF RFC 3891 [10], containing the dialog identifier of the session to be transferred; and
b.
the Require header field populated with the option tag value "replaces";

2.


if usage of SIP Target-Dialog extension is selected:

a.
the Target-Dialog header field populated as specified in IETF RFC 4538 [11], containing the dialog identifier of the session to be transferred; and

b.
the Require header field populated with the option tag value "tdialog"; and
-.
the SDP payload set for the media component(s) to be transferred, in accordance with 3GPP TS 24.229 [2]. The SDP shall contain the same number of media lines, each corresponding to one of the media components in the original session, unless media components need to be added. Each media line shall indicate the same media type as its corresponding media component in the original session and shall contain at least one codec that was negotiated during the original session. 

1.
If the SC UE determines to remove a media component during the transfer, then the media line for this media component shall include a port number with value zero; and

2.
If the SC UE determines to add new media component(s) during the transfer, then one additional media line with the desired media type and codecs shall be added for each new media component at the end of the SDP.
The SIP re-INVITE request and SIP UPDATE request shall be populated as follows:

-
the Request-URI set to the URI contained in the Contact header field returned at the creation of the dialog; and
-
the SDP payload set to the same as specified above for the SIP INVITE request.
Upon receiving SIP 2xx response for the SIP INVITE request or SIP re-INVITE request sent over the Target Access Leg and sending SIP ACK request, if the dialog over the Source Access Leg is still active, the SC UE shall send a SIP BYE request to the SCC AS over the Source Access Leg to terminate the original session.
Upon receiving SIP 2xx response for the SIP UPDATE request sent over the Target Access, if the dialog over the Source Access Leg is still active, the SC UE shall send a SIP BYE request to the SCC AS over the Source Access Leg to terminate the original session.
If the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request, SIP re-INVITE request, or SIP UPDATE request sent over the Target Access Leg, then PS-PS session continuity has not completed successfully and the call will continue as before the session transfer was performed.
10.2.2
Partial session transfer

To initiate PS-PS session continuity for a session, the SC UE shall send: 
· a SIP INVITE request over the Target Access Leg in accordance with 3GPP TS 24.229 [2]; if there is no active session on the Target Access Leg related to the session being transferred; and
· a SIP re-INVITE request or a SIP UPDATE request over the existing session on the Target Access Leg in accordance with 3GPP TS 24.229 [2], if there exists an active session (e.g. as a result of previous partial session transfer) on the Target Access leg related to the session being transferred. 
The SIP INVITE request shall be populated as follows:

-
the Request-URI set to the URI contained in the Contact header field returned at the creation of the dialog over the Source Access Leg;
-
the Require header with the option tag “tdialog” included;
-
the Target-Dialog header populated as specified in IETF RFC 4538 [11], containing the dialog identifier of the session to be transferred; and
-
the SDP payload set for the media component(s) to be transferred, in accordance with 3GPP TS 24.229 [2]. The SDP shall contain the same number of media lines in the same order, each corresponding to one of the media components in the original session, unless media components need to be added during the session transfer. Each media line shall indicate the same media type as its corresponding media component in the original session and shall contain at least one codec that was negotiated during the original session.

1.
If the SC UE determines to keep the media component on the Source Access Leg, then the media line for this media component shall include a port number with value zero; and

2.
If the SC UE determines to add new media component(s) during the transfer, then one additional media line with the desired media type and codecs shall be added for each new media component at the end of the SDP.

The SIP re-INVITE request and SIP UPDATE request shall be populated as follows:

-
the Request-URI set to the URI contained in the Contact header field returned at the creation of the dialog; and

-
the SDP payload set to the same as specified above for the SIP INVITE request.
Upon receiving SIP 2xx response for the SIP INVITE request sent over the Target Access Leg and sending SIP ACK request, the SC UE shall send a SIP re-INVITE request to the SCC AS over the Source Access Leg to update the original session. 
Upon receiving SIP 2xx response for the SIP re-INVITE request or SIP UPDATE request sent over the Target Access Leg, the SC UE shall send a SIP re-INVITE request to the SCC AS over the Source Access Leg to update the original session. 

The SC UE shall populate the SIP re-INVITE request as follows:
-
the SDP payload set for all the media component(s) within the original session, in accordance with subclause 6.1.1 and subclause 6.1.2 of 3GPP TS 24.229 [2]. The port number for a media component shall be set to zero if that media component has been transferred to the Target Access Leg or has to be removed.

If the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request, SIP re-INVITE request, or SIP UPDATE request sent over the Target Access Leg, then PS-PS session continuity has not completed successfully and the call will continue as before the session transfer was performed.
*** Next Change ***

11
Roles for PS-PS session continuity in conjunction with PS-CS session continuity
11.1
Introduction

This clause specifies the procedures for PS-PS session continuity in conjunction with PS-CS session continuity. Procedures are specified for the SC UE and the SCC AS. For SC UE or SCC AS not supporting ICS procedures, PS-PS session continuity with a remote end in conjunction with PS-CS session continuity with the same remote end is only possible when the UE is active in a single CS session with full-duplex speech with the remote end i.e. support of session transfer with more than one session containing full-duplex speech component is not provided.
11.2
SC UE
11.2.1
SC UE procedures for PS to PS+CS session continuity

11.2.1.1
General

The SC UE may be engaged in one or more ongoing IMS sessions before performing session continuity. By an ongoing session, it is meant a session for which the SIP 2xx response for the initial SIP INVITE request to establish this session has been sent or received.

11.2.1.2
SC UE procedures for PS to PS+CS session continuity using ICS

If the SC UE is using Gm, then for each session to be transferred and starting with the session with active full-duplex speech component; 
1.
if there is no active session on the Target Access Leg related to the session being transferred, the SC UE shall send a SIP INVITE request to the SCC AS as specified for call origination using Gm in 3GPP TS 24.292 [4]; and 
2.
if there exists an active session (e.g. as a result of previous partial session transfer) on the Target Access leg related to the session being transferred, the SC UE shall send a SIP re-INVITE request or a SIP UPDATE request over the existing session on the Target Access Leg in accordance with 3GPP TS 24.229 [2]. The SC UE shall populate the SIP re-INVITE request and the SIP UPDATE request without any Replaces header or Target-Dialog header.
The SC UE shall populate the SIP INVITE request as specified for PS-PS session continuity with full media transfer in subclause 10.2.1. The SC UE shall populate the SIP re-INVITE request or SIP UPDATE request as specified for PS-PS session continuity with partial media transfer in subclause 10.2.2. The SC UE shall populate the SIP re-INVITE request and the SIP UPDATE request without any Replaces header or Target-Dialog header. The SC UE shall indicate in the SIP INVITE request, SIP re-INVITE request, or SIP UPDATE request that the speech media is using CS bearer. When sending the SIP INVITE request, SIP re-INVITE request, or SIP UPDATE request for the sessions with inactive full-duplex speech component and if precondition is used, the SC UE shall indicate that the related local preconditions for the speech component are met.

For the session with active full-duplex speech component, upon receiving the PSI DN from the SCC AS, the SC UE shall follow the procedures for call origination using Gm in 3GPP TS 24.292 [4] subclause 7.2.2 to set up the CS bearer.

11.2.1.3
SC UE procedures for PS to PS+CS session continuity not using ICS 

If the SC UE is not using ICS capabilities, then session continuity is only possible when the UE is active in a single session with full-duplex speech media component. For the non-speech components to be transferred to the PS Target Access Leg, the SC UE shall send a SIP INVITE request, SIP re-INVITE request, or SIP UPDATE request to the SCC AS as specified for PS-PS session continuity with partial media transfer in subclause 10.2.1. 
For the speech component to be transferred to the CS Target Access leg, the SC UE shall send to the SCC AS a CS call setup message, e.g., CC_SETUP as specified in 3GPP TS 24.008 [8]. When sending the CC_SETUP, the SC UE shall populate the CC_SETUP as follows: 
1)
the called party BCD number information element set to the STN.

Upon receiving the SIP 2xx response from the SCC AS for the PS Target Access Leg and upon receiving CS call setup confirmation message, e.g. CC_CONNECT message, for the CS Target Access Leg, the SC UE shall send a SIP BYE request to terminate the Source Access Leg, following the procedures specified in 3GPP TS 24.229 [2]. 

If the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request, SIP re-INVITE request, or SIP UPDATE request for the PS Target Access leg and receives CS call setup failure message for the CS Target Access Leg, then session transfer has not occurred and the call will continue in the original domains.
If the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request, SIP re-INVITE request, or SIP UPDATE request for the PS Target Access Leg and receives CS call setup confirmation message for the CS Target Access Leg, then the session transfer is only successful for part of the media components. The SC UE shall update the Source Access leg by following the procedures specified for PS-PS session continuity with partial media transfer in subclause 10.2.2 to indicate that all media components other than the speech component are still maintained on the Source Access Leg.

If the SC UE receives CS call setup failure message for the CS Target Access Leg but receives a SIP 2xx response for the PS Target Access Leg, then the session transfer is only successful for part of the media components. The SC UE shall update the Source Access leg by following the procedures specified for PS-PS session continuity with partial media transfer in subclause 10.2.2 to indicate that the speech component is still maintained on the Source Access Leg.

11.2.2
SC UE procedures for PS+CS to PS session continuity

11.2.2.1
General

The SC UE may be engaged in one or more ongoing sessions before performing session continuity. By an ongoing session, it is meant a CS call for which the CC CONNECT message has been sent or received or a call for which the SIP 2xx response for the initial SIP INVITE request to establish this session has been sent or received. 
If not already registered over the PS Target Access Leg, the SC UE shall follow the procedures specified in subclause 6.1 to perform IM CN subsystem registration over the Target Access Leg before performing PS/CS to PS session continuity.

11.2.2.2
SC UE procedures for PS+CS to PS session continuity using ICS
If the original sessions are established using ICS capabilities, then for each session to be transferred and starting with the session with active full-duplex speech media component, the SC UE shall send a SIP INVITE, re-INVITE, or UPDATE request to the SCC AS as specified for PS-PS session continuity with full media transfer in subclause 10.2.1. The SC UE shall indicate in the SIP INVITE, re-INVITE, or UPDATE request that the speech media component is using PS media.

Upon receiving SIP BYE request for the Source Access Leg, the SC UE shall follow the ICS using Gm procedures specified in 3GPP TS 24.292 [4] to release the session. The SC UE also releases the associated CS bearer if no other sessions depend on the CS bearer.

11.2.2.3
SC UE procedures for PS+CS to PS session continuity not using ICS
If the original sessions are not established using ICS capabilities, then session continuity is only possible when the SC UE has a single session with active full-duplex speech media component. The SC UE shall send:
· a SIP INVITE request to the SCC AS in accordance with 3GPP TS 24.229 [2], if there is no active session on the Target Access Leg related to the source PS session; and

· a SIP re-INVITE request or SIP UPDATE request over the existing session on the Target Access Leg in accordance with 3GPP TS 24.229 [2], if there exists an active session (e.g. as a result of previous partial session transfer) on the Target Access leg related to the session being transferred. 

The SIP INVITE request shall be populated as follows:

-
the Request-URI set to static STI;
-
the Require header field including "replaces" option tag;
-
the Replaces header field populated as specified in IETF RFC 3891 [10], containing the dialog identifier of the session to be transferred on the PS Source Access Leg; and

-
the SDP payload set for the media component(s) to be transferred, in accordance with 3GPP TS 24.229 [2]. The SDP shall contain media components in the following order:


1)
The same number of media lines, each corresponding to one of the media components in the session on the PS Source Access Leg; Each media line shall indicate the same media type as its corresponding media component in the original session and shall contain at least one codec that was negotiated during the original session. If the SC UE determines to remove a media component during the transfer, then the media line for this media component shall include a port number with value zero; and,
2)
One speech media component to be transferred, corresponding to the speech media component in the session on the CS Source Access Leg; and,
3)
If the SC UE determines to add new media component(s) during the transfer, then one additional media line with the desired media type and codecs shall be added for each new media component.
The SIP re-INVITE request and SIP UPDATE request shall be populated as follows:

-
the Request-URI set to the URI contained in the Contact header field returned at the creation of the dialog; and

Editor’s Note: If no static STI is included, it is FFS how the SCC AS knows that the re-INVITE will also trigger the transfer of CS speech media to the existing PS target leg.

-
the SDP payload set to the same as specified above for the SIP INVITE request.
Upon receiving SIP 2xx response for the SIP INVITE request or SIP re-INVITE request sent over the Target Access Leg and, and sending SIP ACK request, if the dialog over the Source Access Leg is still active, the SC UE shall send a SIP BYE request to the SCC AS over the Source Access Leg to terminate the original session.
Upon receiving SIP 2xx response for the SIP UPDATE request sent over the Target Access Leg and, if the dialog over the Source Access Leg is still active, the SC UE shall send a SIP BYE request to the SCC AS over the Source Access Leg to terminate the original session.
If the SC UE receives any SIP 4xx – 6xx response to the SIP INVITE request, SIP re-INVITE request, or SIP UPDATE request, then session transfer has not occurred and the call will continue in the original domains.
*** End of Changes ***
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