Page 1



3GPP TSG-CT WG1 Meeting #87 
(
C1-142360
Phoenix (AZ), USA, 19-23 May 2014
	CR-Form-v11

	CHANGE REQUEST

	

	
	24.237
	CR
	1038
	rev
	1
	Current version:
	12.4.0
	

	

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

	


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


	

	Title:

	Indicating traffic leg - SRVCC

	
	

	Source to WG:
	Ericsson

	Source to TSG:
	C1

	
	

	Work item code:
	NNI_RS
	
	Date:
	2014-05-22

	
	
	
	
	

	Category:
	B
	
	Release:
	Rel-12

	
	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-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)
Rel-13
(Release 13)

	
	

	Reason for change:
	In order to support indicating traffic leg parameter in PS to CS SRVCC and vSRVCC scenarios:

- The MSC server that supports indicating the traffic leg associated with a SIP URI as specified in draft-holmberg-dispatch-iotl-00 shall include the "iotl" parameter in the INVITE due to STN-SR and, when vSRVCC is supported and applied, in the OPTION request.
- The ATCF that supports indicating the traffic leg associated with a URI as specified in draft-holmberg-dispatch-iotl-00 shall include the "iotl" parameter in the ATCF management URI in the g.3gpp.atcf-mgmt-uri feature-capability indicator.

- The SCC AS that supports indicating the traffic leg associated with a URI as specified in draft-holmberg-dispatch-iotl-00 shall include the "iotl" parameter in:


o the ATU-STI URI in the the application/vnd.3gpp.SRVCC-info+xml MIME  
       body; and


o the additional transferred session SCC AS URI for PS to CS SRVCC in the 
       Refer-To URI of SIP REFER requests.



	
	

	Summary of change:
	Created a subclause in the 6A (Roles for General Capabilities) where:
- Added reference to draft-holmberg-dispatch-iotl-00.

- The MSC server that supports indicating the traffic leg associated with a URI as specified in draft-holmberg-dispatch-iotl-00 includes the "iotl" parameter in the INVITE due to STN-SR.

- The ATCF that supports indicating the traffic leg associated with a URI as specified in draft-holmberg-dispatch-iotl-00 includes the "iotl" parameter in the ATCF management URI in the g.3gpp.atcf-mgmt-uri feature-capability indicator.

- The SCC AS that supports indicating the traffic leg associated with a URI as specified in draft-holmberg-dispatch-iotl-00 includes the "iotl" parameter in:


o the ATU-STI URI in the the application/vnd.3gpp.SRVCC-info+xml MIME  
       body; and


o the additional transferred session SCC AS URI for PS to CS SRVCC in the 
       Refer-To URI of SIP REFER requests.

References to the subclause are included in the SCC AS, MSC server and ATCF subclauses in clause 4.



	
	

	Consequences if not approved:
	Incomplete function

	
	

	Clauses affected:
	2, 5.3, 5.4, 5.6, 6.3.3, 6A.x (new), 6A.x.1 (new), 6A.x.2 (new), 6A.x.3 (new)

	
	

	
	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 *****
2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[2]
3GPP TS 24.229: "IP multimedia call control protocol based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".
[3]
3GPP TS 24.228 Release 5: "Signalling flows for the IP multimedia call control based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".
[4]
3GPP TS 24.292: "IP Multimedia (IM) Core Network (CN) subsystem Centralized Services (ICS); Stage 3".
[5]
3GPP TS 24.216: "Communication continuity managed object".

[6]
3GPP TS 29.328: "IP Multimedia Subsystem (IMS) Sh interface; Signalling flows and message contents".

[7]
3GPP TS 29.329: "Sh interface based on the Diameter protocol; Protocol details".
[8]
3GPP TS 24.008: "Mobile radio interface layer 3 specification; Core Network protocols; Stage 3".
[9]
3GPP TS 23.237: "IP Multimedia subsystem (IMS) Service Continuity; Stage 2".
[10]
IETF RFC 3891: "The Session Initiation Protocol (SIP) "Replaces" Header".
[11]
IETF RFC 4538: "Request Authorization through Dialog Identification in the Session Initiation Protocol (SIP)".
[12]
3GPP TS 23.003: "Numbering, addressing and identification".
[13]
IETF RFC 3515: "The Session Initiation Protocol (SIP) Refer Method".

[14]
Void.

[15]
3GPP TS 23.228: "IP Multimedia Subsystem (IMS); Stage 2".

[16]
IETF RFC 5012 (January 2008): "Requirements for Emergency Context Resolution with Internet Technologies".

[17]
IETF RFC 5031 (January 2008): "A Uniform Resource Name (URN) for Services".

[18]
3GPP TS 29.292: "Interworking between the IP Multimedia (IM) Core Network (CN) subsystem and MSC Server for IMS Centralized Services (ICS)".

[19]
IETF RFC 3261: "SIP: Session Initiation Protocol".

[20]
IETF RFC 4488: "Suppression of Session Initiation Protocol (SIP) REFER Method Implicit Subscription".

[21]
IETF RFC 3023: "XML Media Types".

[22]
IETF RFC 5626: "Managing Client Initiated Connections in the Session Initiation Protocol (SIP)".

[23]
3GPP TS 24.286: "IP Multimedia (IM) Core Network (CN) subsystem Centralised Services (ICS); Management Object (MO)".

[24]
3GPP TS 22.173: "IP Multimedia Core Network Subsystem (IMS) Multimedia Telephony Service and supplementary services; Stage 1".

[25]
3GPP TS 24.607: "Originating Identification Presentation (OIP) and Originating Identification Restriction (OIR) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol Specification".

[26]
3GPP TS 24.608: "Terminating Identification Presentation (TIP) and Terminating Identification Restriction (TIR) using IP Multimedia (IM)Core Network (CN) subsystem; Protocol Specification".

[27]
3GPP TS 24.604: "Communication Diversion (CDIV) using IP Multimedia (IM)Core Network (CN) subsystem; Protocol specification".

[28]
3GPP TS 24.610: "Communication HOLD (HOLD) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[29]
3GPP TS 24.611: "Anonymous Communication Rejection (ACR) and Communication Barring (CB); using IP Multimedia (IM) Core Network (CN) subsystem;  Protocol specification".

[30]
3GPP TS 24.606: "Message Waiting Indication (MWI) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[31]
3GPP TS 24.605: "Conference (CONF) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[32]
3GPP TS 24.629: "Explicit Communication Transfer (ECT) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[33]
3GPP TS 24.647: "Advice Of Charge (AOC) using IP Multimedia (IM)Core Network (CN) subsystem; Protocol Specification".

[34]
3GPP TS 24.654: "Closed User Group (CUG) using IP Multimedia (IM) Core Network (CN) subsystem, Protocol Specification".

[35]
3GPP TS 24.239: "Flexible Alerting (FA) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".

[36]
3GPP TS 24.615: "Communication Waiting (CW) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol Specification".

[37]
3GPP TS 24.642: "Completion of Communications to Busy Subscriber (CCBS) and Completion of Communications by No Reply (CCNR) using IP Multimedia (IM)Core Network (CN) subsystem; Protocol Specification".

[38]
3GPP TS 24.182: "IP Multimedia Subsystem (IMS) Customized Alerting Tones (CAT); Protocol specification".

[39]
3GPP TS 24.616: "Malicious Communication Identification (MCID) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol Specification".

[40]
3GPP TS 24.259: "Personal Network Management (PNM); Stage 3".

[41]
3GPP TS 24.183: "IP Multimedia Subsystem (IMS) Customized Ringing Signal (CRS) service; Stage 3".

[42]
3GPP TS 24.072: "Call Deflection (CD) Supplementary Service; Stage 3".

[43]
3GPP TS 24.083: "Call Waiting (CS) and Call Hold (HOLD) supplementary services; Stage 3".

[44]
3GPP TS 24.294 "IP Multimedia Subsystem (IMS) Centralized Services (ICS) protocol via I1 interface".

[45]
Void.

[46]
3GPP TS 24.091: "Explicit Call Transfer (ECT) supplementary service; Stage 3".

[47]
3GPP TS 24.084: "Multi Party (MPTY) supplementary service;Stage 3".

[48]
IETF RFC 4235 (November 2005): "An INVITE-Initiated Dialog Event Package for the Session Initiated Protocol (SIP)"..

[49]
3GPP TS 23.216 "Single Radio Voice Call Continuity (SRVCC); Stage 2".

[50]
Void.

[51]
Void.

[52]
3GPP TS 24.301: "Non-Access-Stratum (NAS) protocol for Evolved Packet System (EPS); Stage 3".

[53]
IETF RFC 3840 (August 2004): "Indicating User Agent Capabilities in the Session Initiation Protocol (SIP)".

[54]
IETF RFC 6086 (January 2011): "Session Initiation Protocol (SIP) INFO Method and Package Framework".

[55]
IETF RFC 4353 (February 2006): "A Framework for Conferencing with the Session Initiation Protocol (SIP)".

[56]
Void.

[57]
IETF RFC 3326 (December 2002): "The Reason Header Field for the Session Initiation Protocol (SIP)".

[58]
IETF RFC 3264 (June 2002) "An Offer/Answer Model with the Session Description Protocol (SDP)".

[59]
Void.

[60]
IETF RFC 6809 (November 2012): "Mechanism to Indicate Support of Features and Capabilities in the Session Initiation Protocol (SIP)".

[61]
3GPP TS 25.331 "Radio Resource Control (RRC); protocol specification".

[62]
3GPP TS 36.331 "Evolved Universal Terrestrial Radio Access (E-UTRA); Radio Resource Control (RRC); Protocol specification".

[63]
3GPP TS 23.292: "IP Multimedia Subsystem (IMS) Centralized Services; Stage 2".

[64]
3GPP TS 24.337 "IP Multimedia (IM) Core Network (CN) subsystem; inter-UE transfer; Stage 3".

[65]
3GPP TS 23.203: "Policy and charging control architecture".

[66]
3GPP TS 23.107:"Quality of Service (QoS) concept and architecture".

[67]
3GPP TS 23.218: "IP Multimedia (IM) Session Handling; IM call model".

[68]
3GPP TS 26.114: "IP Multimedia Subsystem (IMS); Multimedia Telephony; Media handling and interaction".

[69]
3GPP TS 26.111: "Codec for circuit switched multimedia telephony service; Modifications to H.324".

[70]
3GPP TS 29.274: "Tunnelling Protocol for Control plane (GTPv2-C); Stage 3".

[71]
3GPP TS 29.280: "3GPP Sv interface (MME to MSC, and SGSN to MSC) for SRVCC".

[72]
IETF RFC 3263 (June 2002): "Session Initiation Protocol (SIP): Locating SIP Servers".

[73]
draft-ietf-mmusic-sdp-cs-18 (April 2013): "Session Description Protocol (SDP) Extension For Setting Up Audio and Video Media Streams Over Circuit-Switched Bearers In The Public Switched Telephone Network (PSTN)".

Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[74]
IETF RFC 6157 (April 2011): "IPv6 Transition in the Session Initiation Protocol (SIP)".

[75]
3GPP TS 24.007: "Mobile radio interface signalling layer 3; General aspects".

[76]
ETSI TS 182 024: "Hosted Enterprise Services; Architecture, functional description and signalling".

[77]
3GPP TS 29.079: "Optimal media routeing within the IP Multimedia Subsystem (IMS)".

[78]
IETF RFC 3841 (August 2004): "Caller Preferences for the Session Initiation Protocol (SIP)". 

[79]
IETF RFC 3966 (December 2004): "The tel URI for Telephone Numbers".

[80]
IETF RFC 6228 (May 2011): "Session Initiation Protocol (SIP) Response Code for Indication of Terminated Dialog".

[81]
IETF RFC 6665 (July 2012): "SIP-Specific Event Notification".

[iotl-draft]
draft-holmberg-dispatch-iotl-00 (April 2014): "SIP URI Inter Operator Traffic Leg parameter".
Editor's note [WI: NNI_RS CR1038]: The above document cannot be formally referenced until it is published as an RFC.
***** Next change *****
5.3
Application Server (AS)

To be compliant with access transfer in this document, an AS shall implement the role of:

1)
an AS performing 3rd party call control acting as an routeing B2BUA as defined in 3GPP TS 24.229 [2]; and

2)
an SCC AS as follows: dependent on the desired functionality, one or more of the procedures according to subclause 6.3, subclause 6A.4, subclause 7.3, subclause 8.3, subclause 9.3, subclause 10.3, subclause 11.3, subclause 12.3, subclause 13.3 and subclause 20.1.
If the SCC AS receives a SIP INVITE request:

-
with either the Replaces header field (see IETF RFC 3891 [10]) or the Target Dialog header field (see IETF RFC 4538 [11]), indicating a dialog identifier of a session belonging to the subscribed user; and

-
with the Request-URI not containing the additional transferred session SCC AS URI;

and the SCC AS does not support the procedures for performing PS to PS access transfer specified in subclause 10.3, then the SCC AS shall send a SIP 403 (Forbidden) response to the SIP INVITE request, with a Reason header field containing protocol "SIP" and reason-text set to "PS to PS access transfer not supported".

The SCC AS also handles SDP media description conflicts according to subclause 6A.5.

The SCC AS may also indicate the traffic leg according to subclause 6A.x.
***** Next change *****
5.4
MSC server

An MSC server can be compliant with PS to CS SRVCC session transfer procedures as described in this document.

In order to be compliant with PS to CS SRVCC session transfer procedures as described in this document:

-
an MSC server using SIP interface to initiate the session transfer shall provide the UA role as defined for a MGCF in annex A of 3GPP TS 24.229 [2] and the role of an MSC server enhanced for PS to CS SRVCC using SIP interface as described in subclause 12.6.1.1; or

-
an MSC server shall provide the role of an MSC server enhanced for ICS as specified in subclause 12.4.0.

In order to be compliant with vSRVCC session transfer procedures as described in this document, the MSC server shall be:

-
compliant with the PS to CS SRVCC session transfer procedure specified in subclause 12.6.1.1 and additionally provide the functionality to support vSRVCC, as described in subclause 12.6.1.2; or

-
compliant with the PS to CS SRVCC session transfer procedure specified in subclauses 12.4.0 and additionally provide the functionality to support vSRVCC, as described in subclause 12.4.0B.

An MSC server can be compliant with the access transfer procedures for the MSC server assisted mid-call feature as described in this document.

In order to be compliant with the access transfer procedures for the MSC server assisted mid-call feature as described in this document, the MSC server shall:

-
provide the role of an MSC server enhanced for ICS as described in subclause 6.4 and subclause 9.4 and additionally provide the functionality described in subclause 9.5;

-
provide the role of an MSC server enhanced for ICS as described in subclause 12.4.0, and additionally provide the functionality described in subclause  12.4A; or

-
provide the role of an MSC server enhanced for PS to CS SRVCC using a SIP interface as described in subclause 12.6.1.1, and additionally provide the functionality described in subclause 12.4A.

In order to enable the UE to remove/add participants from/to an IMS conference call after the access transfer, the MSC Server supporting the MSC server assisted mid-call feature shall provide the role of an MSC server enhanced for ICS.
An MSC server can be compliant with the procedures for the PS to CS SRVCC for calls in alerting phase as described in this document.

In order to be compliant with the procedures for the PS to CS SRVCC for calls in alerting phase as described in this document, the MSC server shall:

-
provide the role of an MSC server enhanced for ICS as described in subclause 12.4.0 or subclause 12.4.0B, and additionally provide the functionality described in subclause 12.6.3; or

-
provide the role of an MSC server enhanced for SRVCC using a SIP interface as described in subclause 12.6.1 and additionally provide the functionality described in subclause 12.6.3.

The MSC server also handles SDP media description conflicts according to subclause 6A.5.
If the MSC server supports the PS to CS SRVCC for calls in alerting phase, the MSC server may also support the PS to CS SRVCC for originating calls in pre-alerting phase. The procedures for the PS to CS SRVCC for originating calls in pre-alerting phase are described in the subclauses describing the PS to CS SRVCC for calls in alerting phase.

The MSC server may also indicate the traffic leg according to subclause 6A.x.
***** Next change *****
5.6
Access Transfer Control Function (ATCF)
To be compliant with access transfer in this document, the ATCF shall:

1)
provide the proxy role as defined in 3GPP TS 24.229 [2], with the exceptions and additional capabilities as described for the ATCF in subclause 6.5, subclause 6A.3, subclause 7.5, subclause 8.4, and subclause 12.7.2.4;

2)
provide the B2BUA functionality with the exceptions and additional capabilities as described for the ATCF in subclause 12.7.2.2. When providing the B2BUA functionality, the ATCF shall provide the UA role as defined in 3GPP TS 24.229 [2] and additionally shall:

a.
map the message header fields from a SIP message received in one dialog to related SIP message sent in the correlated dialog managed by ATCF as specified for an AS in 3GPP TS 24.229 [2], subclause 5.7.5.1;

b.
pass signalling elements as specified for an AS in 3GPP TS 24.229 [2], subclause 5.7.5.1; and

c.
transparently forward received Contact header field, P-Asserted-Identity header field and, if available, the Privacy header field.

The following procedures apply to all procedures at the ATCF:

1)
if it has been decided to anchor the media in ATGW according to operator policy, and a SIP message including an SDP offer or answer is received:

NOTE:
At this point, ATCF interacts with ATGW to provide information needed in the procedures below, and to request the ATGW to start forwarding the media(s) from the remote UE to the local UE. The details of interaction between ATCF and ATGW are out of scope of this document.

a.
upon the received message with an SDP offer or answer included is sent by the served UE within the dialog, replace the SDP in the received SIP message with updated SDP provided by ATGW, which contains the ATGW IP addresses and ports; and

b.
upon the received message with an SDP offer or answer included is sent by the remote UE within the dialog, replace the SDP in the received SIP message with updated SDP provided by ATGW, which contains the ATGW IP addresses and ports; and

2)
the ATCF also handles SDP media description conflicts according to subclause 6A.5.

The ATCF may also indicate the traffic leg according to subclause 6A.x.
***** Next change *****
6.3.3
SCC AS providing the PS to CS SRVCC related information to the ATCF
In order to provide the PS to CS SRVCC related information to the ATCF, the SCC AS shall perform the role of an AS acting as originating UA according to 3GPP TS 24.229 [2] subclause 5.7.3 using the procedure for sending an initial request on behalf of a PSI and shall send a SIP MESSAGE request populated as follows:

1)
the Request-URI set to the ATCF management URI of the ATCF associated with the registration path (or registration flow, if multiple registration mechanism is used);

NOTE 1:
The ATCF management URI of the ATCF is the URI contained in the g.3gpp.atcf-mgmt-uri feature-capability indicator that is included in a Feature-Caps header field of the SIP REGISTER request which the S-CSCF received from the UE using the method to obtain registration state information described in step a) of subclause 6.3.1.
2)
the P-Asserted-Identity header field containing the identity of the SCC AS; 
3)
the application/vnd.3gpp.SRVCC-info+xml MIME body as defined in annex D.3; and
NOTE 2:
The ATCF URI for terminating calls of the registration path (or registration flow, if multiple registration mechanism is used) is contained in the g.3gpp.atcf-path feature-capability indicator that is included in a Feature-Caps header field of the SIP REGISTER request which the S-CSCF received from the UE using the method to obtain registration state information described in step a) of subclause 6.3.1.
4)
 if the SCC AS supports indicating the traffic leg associated with a URI as specified in draft-holmberg-dispatch-iotl [iotl-draft], the UE is roaming and if required by local policy, the SCC AS shall:

a)
append the "iotl" SIP URI parameter to the URI in the Request-URI with a value set to "homeB-visitedB";
b)
if required by local policy, the SCC AS may append an "iotl" SIP URI parameter with a value set to "visitedA-homeA" to:

-
the ATU-STI URI in the the application/vnd.3gpp.SRVCC-info+xml MIME body defined in clause D.3; and
-
the additional transferred session SCC AS URI for PS to CS SRVCC in the Refer-To URI of SIP REFER requests.
NOTE 3:
The SCC AS can use the P-Visited-Network-Identity header field in the 3rd party SIP REGISTER request received when the UE registered in PS to determine if the UE is roaming or not.
***** Next change *****
6A.x
Indicating traffic leg
6A.x.1
The SCC AS server procedure for indicating traffic leg
If the SCC AS supports indicating the traffic leg associated with a URI as specified in draft-holmberg-dispatch-iotl [iotl-draft] and the UE is roaming, the SCC AS may append the "iotl" SIP URI parameter with the value "visitedA-homeA" to the additional transferred session SCC AS URI for PS to CS SRVCC in the Refer-To URI of SIP REFER requests.
NOTE:
The SCC AS can use the P-Visited-Network-Identity header field in the 3rd party SIP REGISTER request received when the UE registered in PS to determine if the UE is roaming or not.
6A.x.2
The MSC server procedure for indicating traffic leg
If the MSC supports indicating the traffic leg associated with a URI as specified in draft-holmberg-dispatch-iotl [iotl-draft]:
1)
the UE is roaming; and
2)
the STN-SR does not identify an ATCF in the visited network;
then the MSC server shall, if required by local policy:
1)
convert the STN-SR in the Request-URI to the form of a SIP URI with user=phone; and
2)
append an "iotl" SIP URI parameter with a value set to "visitedA-homeA" in the Request-URI of the SIP INVITE request due to STN-SR and, if vSRVCC is supported and applied, in the SIP OPTIONS request.
6A.x.3
The ATCF server procedure for indicating traffic leg
If the ATCF supports indicating the traffic leg associated with a URI as specified in draft-holmberg-dispatch-iotl [iotl-draft]: 

1)
the UE is roaming; and

2)
the ATCF is not in the home network;

then the ATCF may, if required by local policy and if ATCF support the PS to CS SRVCC access transfer, append an "iotl" SIP URI parameter with a value set to "homeB-visitedB" to the ATCF management URI in the g.3gpp.atcf-mgmt-uri feature-capability indicator of the SIP REGISTER request.
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