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Introduction

This contribution is an update of N5-011141 contributed to Cancun. It is the second draft of the TR 29.998-4-4 V0.2.1 of the SIP mapping for the Multi-party Call Control (MPCC) API for Release 5.

It is based on the IETF SIP (RFC 2534bis) as it is today, with 3GPP extensions as defined for ISC in 3GPP TS 24.229 “IP Multimedia Call Control Protocol based on SIP and SDP (Release 5)” .

Updates

The following updates (visible as marked up text) have been made based upon the comments given at the Cancun meeting:

 participant : a definition has been made, but also a replacement of the term “participant” with “user” as this term
 was found more appropriate   -. And it is generally used in other 3GPP specifications. 


INVITE with no SDP: It has been clarified that is allowed and supported (e.g. SIP RFC 2543 bis 5).

Main document: 
- replaced attachMedia/detacMedia with attachmediaReq/RES and detachMediaReq/Res
- replaced getLastRedirectedAddress with getCurrentDestinationAddress
- updated figures in chapter 5 to let OSA SCS be presented by SCF + SIP server, and Participant replaced by USER.
- updated tables in section 6 with mapping to SIP response codes according to comments from last meeting.
- a number of editorial corrections, including references to tables, figure and table numberings etc. 

Informative Annex A “Introduction to API Mapping for OSA MPCCS”
The Annex has been updated. Hereby has Figure A-1 been changed to include the HSS and MRF interfaces and to show OSA SCS as composed of a SCF on one side and a SIP server capable of acting in different SIP modes on the other. The subsequent figures (A-2 to A-6) have been updated too showing the different SIP mode roles.
   
Informative Annex B “SDP in SIP at application controlled calls for OSA MPCCS” .
An annex B has been added based upon Cancun contribution N5-011142, item 1 “Handling of media information at application initiated calls”. Here the associated annex was “put on hold” as to clarify if INVITE with no SDP would be supported. As this open question has been clarified, the annex has been detailed and updated and included as proposed annex B.

Informative Annex C “OSA call forwarding presentation” 

An annex C has been added based upon Cancun contribution N5-011142, item 3 “Call forwarding presentation”

where it was agreed to include this additional explanatory text in the mapping document.

Status

The mapping is complete in this document in the sense that all methods and messages as well as parameter mappings are taken into account, also all relevant SIP messages.

However, the document needs additional work as to clarify a number of open issues on detailed OSA mappings where no obvious SIP mapping could be found. These cases have been highlighted throughout the document through Editor’s Notes as to encourage further input and contributions on those parts.

Assumptions made and work identified still to be done:

1) setCallLoadControl method.
Assumption made: Load control is to be handled by  the SIP server (controller) in the OSA SCS – and not for the controlled SIP server (S-CSCF). 
If this assumption is wrong , part of information needs to be conveyed to controlled server S-CSCF from
controlling entity  OSA SCS (via HSS ?) 


2) Registration handling for OSA SCS, HSS and S-CSCF needs to be defined.
 It is not an OSA SCS specific problem, but applicable to all ASs (e.g. SIP AS, …). How this may imply involvement of HSS for storage of information needs clarification. CN1 is working on this. 
Concerned methods; createNotification, changeNotification, destroyNotification, getNotification.


3) collection of call related information.
It is assumed that the OSA SCS should be the responsible entity for this task. This because the OSA SCS receives the full SIP message, and therefore the collection of call related data is assumed better to be done in the OSA SCS. Hereby is avoided the need to convey any service specific semantics to the S-CSCF for a request to collect such information.
Concerned methods: getInfoReq, superviseReq, getCurrentDestinationAddress.


4) Handling of subsequent Filtering Information:
It is assumed that OSA SCS SIP Server is to handle subsequent filtering information.
There is no need identified for downloading of subsequent filtering information via ISC interface to the S-CSCF, because OSA SCS SIP server should receive all SIP messages.
This is a general assumption, i.e. applicable to any AS (e.g. also SIP-AS, ..) 
 

5) Charging methods. Mapping, (if any) to SIP for charging methods (setAdviceOfCharge, setChargePlan), is still to be defined andmapping tables to be filled in. (including the data tables, e.g. Table  6-15, 6-16). 


6) More scenarios may need to be added for Annex B (e.g. see B.6)


7) Mapping of mid-call events (service code)  to SIP (e.g. re-INVITE ?)  needs to be defined 
+ editor notes in mapping doc -  raises more specific  details to be clarified.


8) verify against latest OSA MPCCS API version if all updates (CRs) have been reflected


9) verify if updates needed against CN1 SIP (e.g. draft TS 24.229, TS 24.228) 
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