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1. Introduction and Reason for Change

This document provides the following changes:

· differentiation between pure CS calls (not initiated due to ICS procedures) and CS media that is established due to ICS procedures;

· decoupling of ICS and SC, as TS 23.237 subclause 4.1.1 states, that SC can be implemented without supporting ICS.

2. Proposal

It is proposed to agree the following changes to 3GPP TS 24.237.
*** FIRST CHANGE ***
2
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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].
CS call:
A connection established via the circuit switched domain in accordance with the procedures in 3GPP TS 24.008 [xy] and of which the established bearer is not used as a media stream for a related IM CN subsystem session.
CS media:
A connection established via the circuit switched domain in accordance with the procedures in 3GPP TS 24.008 [xy] of which the established bearer is used a media stream for a related IN CN subsystem session, i.e. the CS media is established due to prior or parallel IM CN subsystem SIP and SDP signalling.
Editor's note: This part of the subclause will contain the definitions created in this specification

3.2
Symbols

For the purposes of the present document, the following symbols apply:

<symbol>
<Explanation>

3.3
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].
SC
Service Continuity

SCC
Service Centralization and Continuity
4
Overview of IP Multimedia (IM) Core Network (CN) subsystem Service Continuity
4.1
General
In general, IMS Service Continuity provides the capability of continuing ongoing communication sessions with multiple media across different access networks or across different user equipments (UEs) under the control of the same subscriber. The main need for such continuity arises because (i) UEs with multimedia capabilities can move across a multiplicity of different access networks or because (ii) the users can move the media of their communication sessions across different UEs to best meet their communication preferences.

The following procedures are provided within this document:

-
procedures for registration in IM CN subsystem are specified in clause 6;

-
procedures for call origination are specified in clause 7;

-
procedures for call termination are specified in clause 8;

-
procedures for PS-CS session continuity are specified in clause 9;

-
procedures for PS-PS session continuity are specified in clause 10;

-
procedures for PS-PS session continuity in conjunction with PS-CS session continuity are specified in clause 11; and

-
procedures for media adding/deleting in clause 12.
For a UE or an AS not supporting ICS procedures, PS-CS service continuity is only possible when the UE is active in a single speech or speech/video session i.e. support of session transfer with more than one sessions or with non voice media is not provided.
4.2
Underlying network capabilities

Editor's note: This subclause will describe the underlying network capabilities that are needed to support SC.
4.3
URI and address assignments

Editor's note: This subclause will describe the URI and address assignments needed to support SC.
*** SECOND CHANGE ***
6
Roles for registration in the IM CN subsystem

6.1
Introduction

A 3rd-party registration shall be performed via the ISC interface for the SCC AS.
6.2
SC UE
The UE shall follow the procedures specified in subclause 6.2 in 3GPP TS 24.229 [2] for registration of the ICS UE in the IM CN subsystem.
Prior to making use of IMS ICS procedures, the UE shall follow the procedures specified in subclause 6.2 in 3GPP TS 24.292 [4] for registration of the ICS UE in the IM CN subsystem.
Editor’s note:
It is FFS if there are any additional SC specific UE requirements.

6.3
SCC AS

Editor's note: This subclause describes the SCC AS role in the registration process towards the IM CN subsystem.

The SCC AS can be configured with any of various options for obtaining information from the IM CN subsystem specified in 3GPP TS 24.229 [2], 3GPP TS 29.328 [6] and 3GPP TS 29.329 [7], for example:

a)
receipt of REGISTER request from a third-party REGISTER request which is sent to the SCC AS; 

b)
receipt of REGISTER request from a third-party REGISTER request which is sent to the SCC AS. The SCC AS then subscribes to the reg event package for that user to obtain information; or

c)
receipt of REGISTER request from a third-party REGISTER request which is sent to the SCC AS. The SCC AS then uses the Sh interface to obtain information.

This document places no requirement on the use of all or any of these mechanisms.
7
Roles for call origination

7.1
Introduction


Editor's note: This subclause will describe the general issues on roles for call origination.

7.2
SC UE
Editor's note: This subclause will describe the role of the SC UE during call origination.

The SC UE shall support origination of multimedia sessions in the IM CN subsystem as specified in 3GPP TS 24.229 [2].

The SCC UE shall support origination of calls in the CS domain as specified in 3GPP TS 24.008 [xy]

The procedures for call origination where the SC UE is initiating calls using CS media are identical to that for ICS UE which is specified in clause 7 in 3GPP TS 24.292 [4]. 

Editor's note: Procedures for handling STI needs to be added.
7.3
SCC AS

Editor's note: This subclause will describe the role of the SCC AS during call origination.
8
Roles for call termination

8.1
Introduction


8.2
SC UE

Editor's note: This subclause will describe the role of the SC UE during call termination.

The SC UE shall support termination of multimedia sessions in the IM CN subsystem as specified in 3GPP TS 24.229 [2].
The SC UE shall support termination of calls in the CS domain as specified in 3GPP TS 24.008 [xy].
Editor's note: Procedures for handling STI needs to be added.
8.3
SCC AS

Editor's note: This subclause will describe the role of the SCC AS during call termination.
9
Roles for PS-CS session continuity 
9.1
Introduction

For a UE or an AS not supporting the related ICS procedures, PS-CS service continuity is only possible when the UE is active in a single speech or speech/video session i.e. support of session transfers with more than one sessions or with non voice media is not provided.
9.2
SC UE

Editor's note: This subclause will describe the role of the SC UE during PS-CS session continuity.

9.3
SCC AS

Editor's note: This subclause will describe the role of the SCC AS during PS-CS session continuity.
*** THIRD AND LAST CHANGE ***
A.4
Signalling flows for call origination

Editor's note: This subsclause will contain signalling flows related to call origination.
A.4.1
Session origination for CS calls
Figure A.4.1-1 shows the origination of a call from a SC UE using CS bearers. In this example the call is anchored by the SCC AS at the originating side in the IM CN subsystem.
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Figure A.4.1-1 Session origination with CS media

The details of the signalling flows are as follows:
1.
Initiate CS call setup: 


SC UE A initiates a CS call following the procedures specified in 3GPP TS 24.008 [xy].

2.
SIP INVITE request (interworking entities to intermediate IM CN subsystem entities) – see example in table A.4.1-2.
Table A.4.1-2: SIP INVITE request (interworking entities to intermediate IM CN subsystem entities) 

INVITE tel:+1-237-555-2222 SIP/2.0

Via: SIP/2.0/UDP msc1.home1.net; branch=z9hG4bKnashds7

Max-Forwards: 70

Route: <sip:icscf1.home1.net:7531;lr;comp=sigcomp>
P-Asserted-Identity: <tel: +1-237-555-1111>
P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"; orig-ioi=home1.net
P-Access-Network-Info: 

Privacy: none

From: <tel: +1-237-555-1111>;tag=171828

To: <tel:+1-237-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333
Cseq: 127 INVITE
Supported: 100rel, precondition
Require: sec-agree

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi=87654321; port=7531

Contact: 

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE
Accept: application/sdp, application/3gpp-ims+xml
Content-Type: application/sdp
Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee
s=

c=IN IP6 5555::aaa:bbb:ccc:eee
t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv
a=rtpmap:97 AMR
a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20

Request-URI:
the SIP URI or tel URI of the called party. In this example the tel URI of the called party is included in the tel URI.

SDP:
The SDP contains preconfigured set of codecs supported by the MGW.
Editor’s Note:
The Contact header in this SIP INVITE request needs to be completed and include a GRUU. Who’s GRUU is included is FFS. 

Editor’s Note:
Details pertaining to ICSI vlaues in the Contact header, P-Preferred-Service header, P-Asserted-Service header, Accept header and Accept-Contact header need to be included in the the SIP requests and SIP responses of this call flow.
Editor’s Note:
The value that the ICS/interworking nodes includes in the the P-Access-Network-Info header in this SIP INVITE needs to be documented in this example.
3. SIP 100 (Trying) reponse (intermediate IM CN subsystem entities to interworking entities)

The intermediate IM CN subsystem entities respond to interworking entities with a SIP 100 (Trying) response. 


There is no SC specific content in this response.
4. Evaluation of initial filter criteria

The S-CSCF evaluates initial filter criteria for the served SC user and as a result routes the SIP INVITE request towards the SCC AS.
5. SIP INVITE request (intermediate IM CN subsystem entities to SCC AS) – see example in table A.4.1-5.

Table A.4.1-5: SIP INVITE request (intermediate IM CN subsystem entities to SCC AS)
INVITE tel:+1-237-555-2222 SIP/2.0

Via: SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP icscf1.home1.net;branch=z9hG4bKdwe534, SIP/2.0/UDP msc1.hom1.net;branch=z9hG4bKnashds7

Max-Forwards: 68
Route: <sip:sccas1.home1.net:lr>, <sip:scscf1.home1.net;lr>orig-dialog-id="yuflsae80r3rb3fh31ondyr829cnyr381cn932YDWref0w0-wwtg374"
Record-Route: <sip:scscf1.home1.net;lr>
P-Asserted-Identity: <tel: +1-212-555-1111>
P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"; orig-ioi="type 3home1.net"; orig-ioi="home1.net"

P-Access-Network-Info:

Privacy:
From: <tel: +1-237-555-1111>;tag=171828

To: <tel:+1-237-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333
Cseq: 127 INVITE
Supported:
Require:
Proxy-Require:
Security-Verify:
Contact:
Allow:
Accept:
Content-Type:
Content-Length: (…)

v=0

o=
s=
c=
t=

m=
a=

a=

a=

a=

6.
SIP 100 (Trying) response (SCC AS to intermediate IM CN subsystem entities)

The SCC AS responds to the intermediate IM CN subsystem entities with a SIP 100 (Trying) response.


There is no SC specific content in this response.
7.
SCC AS anchors the call and allocates STI:


The SCC AS anchors the call and allocates STI if necessary.

Editor’s Note:
How the STI is coded and conveyed in the response back to the SC UE is FFS.
8.
SIP INVITE request (SCC AS to intermediate IM CN subsystem entities) – see example in table A.4.1-8

The SCC AS acting as a routing B2BUA, generates a SIP INVITE request based upon the received SIP INVITE request and the information previously stored against this session and routes it towards UE B via the intermediate IM CN subsystem entities.

Table A.4.1-8: SIP INVITE request (SCC AS to intermediate IM CN subsystem entities)

INVITE tel:+1-237-555-2222 SIP/2.0
Via: SIP/2.0/UDP sccas1.home1.net;branch=z9hG4bKnas34r5
Max-Forwards: 67

Route: <sip:scscf1.home1.net:lr>
P-Asserted-Identity: <tel: +1-237-555-1111>

P-Charging-Function-Addresses: ccf=[5555::b99:c88:d77:e66]; ccf=[5555::a55:b44:c33:d22]; ecf=[5555::1ff:2ee:3dd:4ee]; ecf=[5555::6aa:7bb:8cc:9dd]

P-Charging-Vector: icid-value="AyretyU0dm+6O2IrT5tAFrbHLso=023551024"; orig-ioi="type3home1.net"

P-Access-Network-Info: 

Privacy: none

From: <tel: +1-237-555-1111>;tag=171828

To: <tel:+1-237-555-2222>

Call-ID: cb03a0s09a2sdfglkj490333
Cseq: 127 INVITE
Supported: 100rel, precondition
Require: sec-agree

Proxy-Require: sec-agree

Security-Verify: ipsec-3gpp; q=0.1; alg=hmac-sha-1-96; spi=87654321; port=7531

Contact: <sip:sccas1.home1.net>

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE
Accept: application/sdp, application/3gpp-ims+xml
Content-Type: application/sdp
Content-Length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:eee
s=

c=IN IP6 5555::aaa:bbb:ccc:eee
t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4

a=curr:qos local sendrecv

a=curr:qos remote none

a=des:qos mandatory local sendrecv

a=des:qos none remote sendrecv
a=rtpmap:97 AMR
a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=rtpmap:96 telephone-event

a=maxptime:20

Editor’s Note:
The value of the P-Access-Network-Info header that is sent in the SIP INVITE request towards the called party needs to be documented in this example.
9.
SIP 100 (Trying) response (intermediate IM CN subsystem entities to SCC AS)
 
The intermediate IM CN subsystem entities repond to the SCC AS with a SIP 100 (Trying) response.


There is no SC specific content in this response.
10.
SIP INVITE request (intermediate IM CN subsystem entities to UE B)

The intermediate IM CN subsystem entities route the SIP INVITE request to UE B.

11-12.
SIP 180 (Ringing) response (UE B to SCC AS via intermediate IM CN subsystem entities)

UE B responds to the received SIP INVITE request with a SIP 180 (Ringing) response. The response contains no SDP body and contains no SC specific content.

13-14. SIP 180 (Ringing) response ( SCC AS to interworking entities via intermediate IM CN subsystem entities)
The response contains no SDP body and contains no SC specific content.
15. Alerting the user:


The call is successfully delivered to the terminating UE, which begins alerting the user. 
16.
SIP 200 (OK) response (UE B to intermediate IM CN subsystem entities) – see example in table A.4.1-16

The terminating side sends an SDP answer in a SIP 200 (OK) response to the received SIP INVITE request.
Table A.4.1-16: SIP 200 (OK) response (UE B to intermediate IM CN subsystem entities)
SIP/2.0 200 OK
Via: SIP/2.0/UDP pcscf2.visited2.net:5088;comp=sigcomp;branch=z9hG4bK361k21.1, scscf2.home1.net;branch=z9hG4bK764z87.1, icscf1.home1.net;branch=z9hG4bK871y12.1, SIP/2.0/UDP scscf1.home1.net;branch=z9hG4bK332b23.1, SIP/2.0/UDP sccas1.home1.net;branch= z9hG4bKnas34r5
Record-Route: <sip:pcscf2.visited2.net:5088;lr;comp=sigcomp>, <sip:scscf2.visited2.net;lr>, <sip:scscf1.home1.net;lr>
P-Access-Network-Info: 
Privacy: none

From: <tel: +1-237-555-1111>;tag=171828
To: <tel:+1-237-555-2222>
Call-ID:
CSeq:
Require: 100rel, precondition

Contact: <sip:[5555::eee:fff:aaa:bbb]:8805;comp=sigcomp>

Allow: INVITE, ACK, CANCEL, BYE, PRACK, UPDATE, REFER, MESSAGE
Accept: application/sdp, application/3gpp-ims+xml
Content-Type: application/sdp

Content-Length: (…)

v=0

o=- 2987933623 2987933623 IN IP6 5555::ggg:fff:aaa:bbb

s=-

c=IN IP6 5555::ggg:fff:aaa:bbb
t=0 0

m=audio 3456 RTP/AVP 97 96

b=AS:25.4
a=curr:qos local sendrcv
a=curr:qos remote sendrcv
a=des:qos mandatory local sendrecv
a=des:qos mandatory remote sendrecv
a=rtpmap:97 AMR

a=fmtp:97 mode-set=0,2,5,7; mode-change-period=2

a=maxptime:20

17.
SIP 200 (OK) reponse (intermediate IM CN subsystem entities to SCC AS)


The SIP 200 (OK) response from UE is routed towards the SCC AS.

18-19. SIP 200 (OK) response (SCC AS to interworking entities via intermediate IM CN subsystem entities)


The SDP answer received in the SIP 200 (OK) response is routed to the interworking entities via the intermediate IM CN subsystem entities.

20.
SCC AS completes call setup with CS bearer


The SCC AS completes call setup with CS bearer following the procedures specified in 3GPP TS 24.292 [4].

21-22.
SIP ACK request (interworking entities to SCC AS via intermediate IM CN subsystem entities)


The interworking entities send a SIP ACK request to the SCC AS via the intermediate IM CN subsystem entities. 

There is no SC specific content in this reponse.

23-24.
SIP ACK request (SCC AS to UE B via intermediate IM CN subsystem entities)


The SCC AS sends a SIP ACK request to UE B via the intermediate IM CN subsystem entities. 

There is no SC specific content in this response.
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