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Introduction:

The SA1 work item for WebRTC<>IMS integration lists support for MMTel services as one of the objectives. The related requirement is reflected in 22.228, too. This discussion paper wants to raise some issues related to providing supplementary services to a subscriber when accessing IMS via WebRTC.

Discussion:

22.228 refer to 22.173 when it comes to support of supplementary services to be provided for users accessing the IMS via WebRTC. 22.173 contain the following list of supplementary services that are supported for MMTel:
· Originating Identification Presentation (OIP)

· Originating Identification Restriction (OIR)

· Terminating Identification Presentation (TIP)

· Terminating Identification Restriction (TIR)

· Communication Diversion (CDIV)

· Communication Hold (HOLD)

· Communication Barring (CB)

· Message Waiting Indication (MWI)

· Conference (CONF)

· Explicit Communication Transfer (ECT)

· XCAP over Ut interface for Manipulating NGN Services

· Advice Of Charge (AOC)

· Closed User Groups (CUG)

· Three-Party (3PTY)

· Flexible Alerting (FA)

· Communication Waiting (CW)

· Completion of Communications to Busy Subscriber (CCBS) Completion of Communications by No Reply (CCNR)
· Customized Alerting Tones (CAT)

· Customized Ringing Signal (CRS)

· Personal Network Management (PNM)

· Unstructured Supplementary Service Data (USSD)
It appears that as a first step, we will need to decide whether support for a supplementary service will have an impact on WebRTC or not. For instance, it is a valid assumption that support for supplementary service configuration (XCAP) does not require any new functionality.
However, other supplementary services require support for dedicate extensions to SIP when used in IMS. This covers either new headers, media feature tags, new header field parameters, or other extensions.
As WebRTC will not specify a signalling protocol for the UNI, it is not clear how to document support for the supplementary services listed above when a session is routed via IMS.
Case 1, UNI based on SIPoWS

For cases where SIPoWS is used on the leg between WIC and eP-CSCF, support for supplementary services is inbuilt in the protocol if SIP is used according 24.229. 

Case 2, UNI “completely unspecified”

For features that only require “basic call setup” plus some dedicated information elements, an approach for documentation is to list the “information element” and how it is mapped to SIP in IMS. Mapping will occur in e-PCSCF. Examples for this are the identification features (OIP/OIR, TIP/TIR).
For features that require dedicated signalling procedures to e.g. reconfigure a session (something like REFER in SIP) the above will not be enough. CT1 will need to decide how to handle documentation for these cases where the signalling protocol on the leg between WIC and eP-CSCF is not defined. 

Conclusion:

It is proposed that the two cases listed above should be documented separately in the new TS for WebRTC<> IMS integration. Support for either option will be optional.
· Case 1 is rather straight forward.

· Case 2 requires a decision on the extent of documentation

