Error! No text of specified style in document.
6
Error! No text of specified style in document.

3GPP TSG CT WG1 Meeting #56
C1-085236
Shanghai, Peoples Republic of China, 10th – 14th November 2008

Source:
Research In Motion
Title:
Inclusion of Camel procedures
Document for:
Discussion
Agenda Item:
9.21

Work Item / Release:
ICSRA / Release 8
TS 23.292 states that CAMEL maybe used to anchor the call for a none ICS UE 
	7.3.2.1.3
Origination when using an MSC Server

Figure 7.3.2.1.3-1 describes how IMS originations are performed via CS access for non ICS UE attached to a legacy MSC or MSC-Server which has not been enhanced for ICS. This call flow also applies for an ICS UE CS origination with CS media without use of I1 and with use of an MSC server, as specified in clause 7.3.2.2.3.
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Figure 7.3.2.1.3-1: IMS Origination via CS Access for non ICS UE

1.
The UE A originates a call in the CS domain to party-B according to standard origination procedures.

2.
The MSC Server responds with a Call Proceeding message and begins to set up the CS Bearer Control Signalling Path.

3.
The MSC-Server fetches an IP Multimedia Routing Number (IMRN) via IN (e.g. CAMEL) and routes the call towards the user's home IMS network using the IMRN via an MGCF.

4.
The MGCF initiates an INVITE towards the I-CSCF in the home IMS of the originating ICS user.

5.
The I-CSCF routes the INVITE based on one of the following standard procedures specified in "PSI based Application Server termination - direct and PSI based Application Server termination – indirect" procedures in TS 23.228 [2] either directly to the SCC AS or via the S-CSCF.

6.
When the INVITE arrives at the SCC AS, it invokes a B2BUA, terminating the UE A leg and originating the Remote Leg for presenting an IMS session towards the B-party on behalf of UE A. The SCC AS creates an INVITE containing the SDP received from MGCF, indicating CS voice media. The original called number and the calling party number are used to setup the outgoing call leg to party-B in accordance with the AS origination procedure defined in clause 5.6.5 of TS 23.228 [2]. The SCC AS sends the INVITE back to S-CSCF.

NOTE:
The method for discovery of original called number and calling party number at the SCC AS if ISUP does not provide this information is implementation dependant. This can be realized by interactions between the SCC AS and the SCF (e.g. gsmSCF); however this interaction is outside the scope of this specification.

7-8.
The S-CSCF sends the INVITE further for completion of the call toward the remote end.




Stage 3 document must be complete so that an implementor can pick it up and build the complete product.  Currently the stage 3 does not represent all of the stage 2 requirements and this causes further confusion with TS 24.237.

This contribution adds text to cover this case.  The text is based on text in TS 24.206.

****Change****
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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].
For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.292 [6] apply:

ICS UE
MSC Server enhanced for ICS

SCC AS
IP Multi Media Routing Number (IMRN)
For the purposes of the present document, the following terms and definitions given in 3GPP TS 24.629 [19] apply:

transferee

transferor

transfer target
For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.228 [5] apply:

Public Service Identity (PSI)

For the purposes of the present document, the following terms and definitions given in 3GPP TS 23.003 [3] apply:

CS Domain Routeing Number (CSRN)

3.2
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].
ADS
Access Domain Selection

AS
Application Server

BICC
Bearer Independent Call Control

CAMEL
Customised Applications for Mobile network Enhanced Logic 
CAP
CAMEL Application Part
CB
Communication Barring

CD
Communication Deflection

CDIV
Communication DIVersion

CDIVN
Communication DIVersion Notification

CFNL
Communication Forwarding on Not Logged-in

CFNR
Communication Forwarding No Reply

CFNRc
Communication Forwarding on subscriber Not Reachable

CFU
Communication Forwarding Unconditional
CN
Core Network
CSRN
CS domain Routing Number

CW
Communication Waiting

ECT
Explicit Communication Transfer

ICS
IMS Centralized Services
IUA
ICS User Agent

HLR
Home Location Register

HSS
Home Subscriber Server

IM
IP Multimedia
IMRN
IP Multimedia Routeing Number
MSC
Mobile Switching Center

OIP
Originating Identification Presentation

OIR
Originating Identification Restriction
SCC AS
Service Centralization and Continuity Application Server
T-ADS
Terminating ADS
TIP
Terminating Identification Presentation

TIR
Terminating Identification Restriction
UA
User Agent

UE
User Equipment

URI
Universal Resource Identifier
 ****Change****
4.3
URI and address assignments

In order to support ICS to a subscriber the following URI and address assignments are assumed:

a)
the ICS UE will be configured to be reachable in both the IM CN subsystem and the CS domain by one to many public telecommunication numbers which should be correlated between the CS domain and IM CN subsystem. The subscriber's IM CN subsystem profile will need to be provisioned with a tel URI, either as the default public user identity or associated with it, equivalent to a DN (e.g. MSISDN) in the subscriber's CS profile associated with speech/audio (e.g. TS11).
c)
a PSI DN is assigned that can reach an ICS application that can support the ICS capabilities for that ICS UE. The PSI DNs can be dynamically allocated at the time that the call is rerouted to the IM CN subsystem for ICS purposes. The IM CN subsystem is configured to treat the PSI DN as a PSI;

d)
a non ICS UEs which are not registered in the IM CN subsystem might still be attached to the CS network at an MSC. In this scenario, a CSRN is assigned for routing the call to the CS domain;

e)
an MSC Server enhanced for ICS shall use a private user identity and public user identity specifically reserved for IM CN subsystem registrations from an MSC Server. This is to avoid conflicts in IM CN subsystem registration by a UE and an MSC Server registering on behalf of the same subscriber. The identities reserved for ICS identities are defined in 3GPP TS 23.003 [4]; and) an MSC Server shall use only those public user identities representing E.164 numbers from the subscriber's IM CN subsystem profile to originate and terminate calls; 
f)
an MSC Server enhanced for ICS is provisioned with a string that identifies the visited network at the home network. The string needs to be different than the value provisioned to a P-CSCF, as specified in 3GPP TS 24.229 [11], in order to distinguish between a P-CSCF and an MSC Server enhanced for ICS; and
h)
an IMRN is assigned that can reach a ICS application that can either support the ICS capabilities for that ICS UE, or otherwise locate the ICS application supporting the ICS capabilities for that ICS UE. The IMRNs can be dynamically allocated at the time that the call is rerouted to the IM CN subsystem for ICS purposes or session transfers from the IM CN subsystem to the CS domain are accepted. The IM CN subsystem is configured to treat the IMRN as a PSI.
****Change****
7.4
SCC AS

7.4.1
General

The following subclauses describe the procedures at the SCC AS for call origination. In such scenarios, the SCC AS serves the originating user. The SCC AS shall follow procedures specified in 3GPP TS 24.229 [11] with the additional procedures described in this specification in subclauses 7.4.2 and 7.4.3. These subclauses describe the procedures for the SCC AS when using service control over Gm, and CS, respectively. 

7.4.2
SCC AS for service control over Gm

7.4.2.1
CS bearer is requested by the ICS UE

When the SCC AS receives an initial SIP INVITE request from the ICS UE due to initial filter criteria, the SCC AS shall:

1)
store the information received in the SIP INVITE request, including the Request-URI, P-Asserted-Identity header field, Accept header field, Call-ID header field, To and From header fields including tags and the received non-audio SDP information..

2)
check if the SDP contains a "c=" line set to "PSTN" and an "m=" line set as described in draft-garcia-mmusic-sdp-cs [36]. If present, the ICS UE is requesting that the media bearer is to be set up over the CS domain. Send a SIP 183 (Session Progress) response towards the originating ICS UE in accordance with 3GPP TS 24.229 [11] with the following additions:

i)
an SDP answer, including the SCC AS PSI DN in the "c=" line, appended to the "PSTN" network type as described in draft-garcia-mmusic-sdp-cs [36]. The SCC AS PSI DN that identifies the stored information in step 1) and associated with the SCC AS. The SCC AS PSI DN is specified as an E.164 number.
ii)
indicate local preconditions not met.

3)
Wait for an initial SIP INVITE request from the CS domain with the Request-URI set to the allocated SCC AS PSI DN.

4)
When the SCC AS receives an initial SIP INVITE request from the CS domain the SCC AS shall check that the Request URI is set to a valid  SCC AS PSI DN as allocated in the above step 2. If the SCC AS PSI DN is valid, the SCC AS shall:

i)
use the SCC AS PSI DN that was allocated in step 2 and correlate the previously stored information against this session with the incoming SIP INVITE request.

ii)
act as a routing B2BUA, and generate an initial SIP INVITE request and include the following information:

a)
a Request-URI set to the called party identity previously stored in the above step 1);

b)
a P-Asserted-Identity set to the identity previously stored in the above step 1); 

c)
an Accept header field set to the media types received in the incoming SIP INVITE request and previously stored in the above step 1); and

d)
an SDP offer with the media that combines the stored SDP offer from the ICS UE and the SDP offer received from the CS domain in accordance with the rules of. IETF RFC 3264 [31].
Editor's note:
 The above assumes fast CS bearer setup. The scenario when CS bearer establishment is achieved after receiving an alerting message at the MSC requires further investigation on the interactions with the SIP preconditions mechanism and session setup.

Upon receiving a SIP 18x response from the terminating UE the SCC AS shall send the SIP 18x response towards the ICS UE and the CS domain. If the response includes an SDP answer, the AS shall send an SDP answer towards the ICS UE and towards the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31].

When the SCC AS is aware of that preconditions are met on all legs the SCC AS shall send an UPDATE request towards the terminating UE indicating that local preconditions are met.

Upon receiving a SIP 200 (OK) response from the terminating UE, the SCC AS shall send the SIP 200 (OK) response towards the ICS UE and CS domain. If the response includes an SDP answer, the AS shall send an SDP answer towards the ICS UE and towards the CS domain. The SDP answers shall be in accordance with rules for SDP answer as specified in IETF RFC 3264 [31].
When the SCC AS receives a SIP ACK request originated from an MSC server enhanced for ICS or from an MGCF and the ISC UE, the SCC AS shall respond to the initial SIP INVITE request with a final 200 (OK) response.
7.4.2.2
Non CS bearer is requested by the ICS UE
When the SCC AS receives an initial SIP INVITE request due to initial filter criteria, which does not include a request for CS media, the SCC AS shall act as a routing B2BUA as described in 3GPP TS 24.229 [11].
7.4.3
SCC AS for service control over CS
When the SCC AS receives SIP INVITE request due to originating IMRN, see subclause  Annex X, the SCC AS shall:

1)
operate as an application server providing 3rd party call control, and specifically as an initiating B2BUA, as specified in subclause 5.7.5 of 3GPP TS 24.229 [11] for this request and all future requests and responses in the same dialog;

2)
set the Request-URI of the outgoing initial SIP INVITE request to a tel-URI which represents the original called party number of the call as initiated in the CS domain. The tel-URI may be available from information associated with the received IMRN or from the History-Info header;

3)
set the To header field of the outgoing initial SIP INVITE request to a tel-URI which represents the original called party number of the call as initiated in the CS domain. The tel-URI may be available from information associated with the received IMRN or from the History-Info header;

4)
if the SCC AS has received a History-Info header having an index parameter indicating only one diversion, not include the History-Info header;

NOTE 1:
The History-Info header was received as a result of the option of using ISUP call diversion mechanisms to transfer ICS specific information and carries no information relating to a real diversion.

5)
append the orig parameter to the S-CSCF URI included in the Route header of the outgoing initial SIP INVITE request; and

6)
set the P-Asserted-Identity header of the outgoing SIP INVITE request and to a tel-URI which represents the calling party number of the call initiated in the CS domain. This is either available from information associated against the received IMRN or is the value as received in P-Asserted-Identity header of the incoming SIP INVITE request.

NOTE 2:
It can happen that the P-Asserted-Identity header is not included in the incoming SIP INVITE request.

The SCC AS should in the outgoing SIP requests and SIP responses include the same values as received in the incoming SIP requests and SIP responses in all other headers with the exception given in this subclause and in subclause 5.7.5 of 3GPP TS 24.229 [8].

The SCC AS will handle the Privacy header in the outgoing SIP INVITE request in the following way. The SCC AS shall either:

-
if a Privacy header is received in the incoming INVITE request, include  the Privacy header as received in the incoming INVITE request; or

-
if a value is associated to IMRN and indicates that the presentation of the calling party number is restricted in the CS domain, include a Privacy header with the value set to "id".

On completion of the above procedure, the call is anchored in the SCC AS.

NOTE 3:
After completion of anchoring the call in SCC AS, the allocated IMRN is available for reuse.

Annex
X
 (normative)
IMRN Procedures
X.1
General

The following sub-section defines procedures for allocating IMRN for different technologies.
X.2
3GPP IMRN Allocation procedures

X.2.1
General

IMRN in 3GPP is allocated using CAMEL procedures that are defined in the following subsection.
X.2.2
CAMEL Procedures
When the CAMEL service function receives an indication that the gsmSCF has received a CAMEL IDP relating to an originating call, the CAMEL service function shall:

1)
check see of ICS is possible for this call;

NOTE 1:
The conditions that prevent ICS are a matter for implementation, but can include operator policy on a number of conditions, e.g. roaming of the UE, or a matter of lack of resources, e.g. available IMRNs or a lack of translation rules if the called party number is not in an international number format. In general, the number of calls presented for anchoring on behalf of the same user will not prevent ICS, as these issues are dealt with at domain transfer.

2)
if the session is not subject to anchoring, cause the gsmSCF to respond with a CAMEL CONTINUE and no further ICS specific procedures are performed on this call; and

NOTE 2:
The final decision on the CAP message sent by the gsmSCF depends on the further service logic associated with the service key.

3)
if the session is subject to anchoring, the SCC AS shall allocate an IMRN. The IMRN is such that when the SCC AS application receives a SIP INVITE request it can derive by inspection that the request is due to an originating IMRN. How IMRNs are allocated may vary from one SCC AS application to another and is not specified in this version of the specification;

4)
if the session is subject to anchoring, cause the gsmSCF to respond with a CAMEL CONNECT message, as specified in 3GPP TS 29.078 [x], with the Destination Routing Address set to the IMRN, and optionally, the Original Called Party ID, the Redirecting Party ID; and the Redirection Information.

NOTE 3:
The gsmSCF will include further parameters in the CAMEL CONNECT message as appropriate for the service key that was received in the CAMEL IDP.

NOTE 4:
The final decision on the CAP message sent by the gsmSCF depends on the further service logic associated with the service key.
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