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1. Introduction
Another effort was made to further clean up 24.604.

2. Reason for Change

The reference to XDM is incorrect. XDM version 1.0 is generally understood to contain features that are unimplementable. The OMA PAG working group has developed OMA XDM 1.1 that exlcudes the unimplementable features.

3. Proposal

It is proposed to agree the following changes to 3GPP TS 24.604-261.

It is proposed to make simular P-CRs and CRs to other MMTel specifications referencing XDM version 1.0.
* * * First 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.

Referenced documents which are not found to be publicly available in the expected location might be found at http://docbox.etsi.org/Reference.
For online referenced documents, information sufficient to identify and locate the source shall be provided. Preferably, the primary source of the referenced document should be cited, in order to ensure traceability. Furthermore, the reference should, as far as possible, remain valid for the expected life of the document. The reference shall include the method of access to the referenced document and the full network address, with the same punctuation and use of upper case and lower case letters.
NOTE:
While any hyperlinks included in this clause were valid at the time of publication ETSI cannot guarantee their long term validity.
2.1
Normative references

The following referenced documents are indispensable for the application of the present document. For dated references, only the edition cited applies. For non-specific references, the latest edition of the referenced document (including any amendments) applies.

[1]
3GPP TS 22.173: " Multimedia Telephony Service and supplementary services;".
[2]
3GPP TS 24.229: "IP Multimedia Call Control Protocol based on SIP and SDP".
[3]
IETF RFC 4244: "An Extension to the Session Initiation Protocol (SIP) for Request History Information".
[4]
3GPP TS 24.623: " Extensible Markup Language (XML) Configuration Access Protocol (XCAP) over the Ut interface for Manipulating PSTN/ISDN Simulation Services".
[5]
IETF RFC 2327: "SDP: Session Description Protocol".
[6]
IETF RFC 3261: "SIP: Session Initiation Protocol".
[7]
IETF RFC 3966: "The tel URI for Telephone Numbers".
[8]
IETF RFC 3325: "Private Extensions to the Session Initiation Protocol (SIP) for Asserted Identity within Trusted Networks".
[9]
3GPP TS 24.611: " Anonymous Communication Rejection (ACR) and Communication Barring (CB); Protocol specification".
[10]
ETSI EN 300 356-15 (V4.2.1): "Integrated Services Digital Network (ISDN); Signalling System No.7 (SS7); ISDN User Part (ISUP) version 4 for the international interface; Part 15: Diversion supplementary service [ITU-T Recommendation Q.732, clauses 2 to 5 (1999) modified]".
[11]
3GPP TS 24.628: " Common Basic Communication procedures; Protocol specification".
[12]
3GPP TS 23.002: "Network Architecture".
[13]
ETSI ES 283 027: "Telecommunications and Internet converged Services and Protocols for Advanced Networking (TISPAN); Endorsement of the SIP-ISUP Interworking between the IP Multimedia (IM) Core Network (CN) subsystem and Circuit Switched (CS) networks 
[3GPP TS 29.163 (Release 7), modified]".
[14]
IETF RFC 4458: "Session Initiation Protocol (SIP) URIs for Applications such as Voicemail and Interactive Voice Response (IVR)".
[15]
IETF RFC 3265: "Session Initiation Protocol (SIP) -Specific Event Notification".
[16]
3GPP TS 24.629: " Explicit Communication Transfer (ECT); Protocol specification".
[17]
IETF RFC 3515: "The Session Initiation Protocol (SIP) Refer Method".
[18]
IETF RFC 4745: "Common Policy: A Document Format for Expressing Privacy Preferences".

[19]
ETSI TS 183 004 V2.4.0: "Telecommunications and Internet converged Services and Protocols for Advanced Networking (TISPAN); PSTN/ISDN simulation services: Communication Diversion (CDIV);  Protocol specification".

[20]
draft-ietf-sip-gruu-13 (April 2007): "Obtaining and Using Globally Routable User Agent (UA) URIs (GRUU) in the Session Initiation Protocol (SIP)".

Editor's note: The above document cannot be formally referenced until it is published as an RFC.
[21]
OMA-TS-XDM-Core-V1_1: "XML Document Management (XDM) Specification", Version 1.1.


* * * Next Change * * * *

4.9.1.3
Communication Diversion Rule Conditions

The following conditions are allowed by the XML Schema for the communication diversion service:

busy: This condition evaluates to true when the called user is busy. In all other cases the condition evaluates to false. Rules with this condition are evaluated when a busy indication is received from the called party.

not-registered: This condition evaluates to true when the called user is not registered. In all other cases the condition evaluates to false.

presence-status: This condition evaluates to true when the called user's current presence activity status is equal to the value set for this condition. In all other cases the condition evaluates to false.

cp:identity: This condition evaluates to true when the calling user's identity matches with the value of the identity element. The interpretation of all the elements of this condition is described in OMA-TS-XDM-Core-V1_1 [21]. In all other cases the condition evaluates to false. The Identity shall be matched against the value taken from the P-Asserted-Identity header field, unless the Identity contains a "gr" parameter, then it shall be matched against the value taken from the Contact header field.

anonymous: This condition evaluates to true when the P-Asserted-Identity of the calling user is not provided or privacy restricted.

cp:sphere: Not applicable in the context of the Communication Diversion service.

cp:validity: Specifies a period. The condition evaluates to true when the current time is within the validity period expressed by the value of this condition. In all other cases the condition evaluates to false.

media: When the incoming call request for certain media, the forwarding rule can decide to forward the call for this specific media. This condition evaluates to true when the value of this condition matches the media field in one of the "m=" lines in the SDP (RFC 2327 [5]) offered in an INVITE (RFC 3261 [6]).

no-answer: This condition evaluates to true when the called user does not answer. In all other cases the condition evaluates to false. Rules with this condition are evaluated when a no-answer timeout is detected.

rule-deactivated: This condition always evaluates to false. This can be used to deactivate a rule, without loosing information. By removing this condition the rule can be activated again.

ocp:external-list: This condition evaluates to true when the calling users identity is contained in an external resource list to which the value of external-list refers. The exact interpretation of this element is specified in OMA-TS-XDM-Core-V1_1 [21].

ocp:other-identity: Not applicable in the context of communication diversion service.

not-reachable: This condition evaluates to true when there is a signalling channel outage during session setup to the served user's UE and the served user is registered. In all other cases this condition evaluates to false. 

The condition elements that are not taken from the common policy schema (see RFC 4745 [18]) or oma common policy schema (see OMA-TS-XDM-Core-V1_1 [21]) are defined in the simservs document schema specified in 3GPP TS 24.623 [4].

