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Abstract
Lacking support delays currently the progress concerning the specification of required SDP extensions for Rel-13+ WebRTC data applications T.140 and BFCP. The discussion paper summarizes the present status.

[bookmark: _Toc433962908]1. Background
23.228 clause U.1.5 defines the media plane protocol architecture for WebRTC. Three WebRTC data applications are identified: MSRP, BFCP and T.140. The media plane interworking as required to be supported by the eIMS-AGW is defined by clause U.1.3.4/23.228.
3GPP Rel-13 IMS-WebRTC covers MSRP as a first WebRTC data application. Other WebRTC data applications would be subject of Rel-13+.
Thus, 3GPP Rel-13 will consequently not support BFCP and T.140 as WebRTC data applications.

With regards to T.140: 23.228 links T.140 text conversation with the 3GPP Global Text Telephony service: 
"When GTT service is required, the eIMS-AGW shall perform transport level interworking between T.140 [87] over Data Channels and other T.140 transport options supported by IMS."
Consequently, WebRTC got to support WebRTC data application T.140 in context of GTT.

[bookmark: _Toc433962909]2. Status of signalling protocols as required for WebRTC data applications
Figure 1 summarizes the status (2015-10) with scope of reference points W2, W3 and Iq.

[bookmark: _Toc433962910]2.1	Reference point W2 (WebRTC call control signalling)
SIP-based WebRTC call control signalling requires specific SDP extensions for the indication and negotation of WebRTC data channels. An SCTP association is used to multiplex multiple data channels on a single "transport" (which is given by an explicit[footnoteRef:1] IP transport connection (UDP or TCP) for the entire SCTP traffic encapsulated by DTLS. [1:  3GPP Rel-13 IMS-WebRTC does not yet support a single IP transport connection shared by all WebRTC service components (audio, video and data).] 

Principle SDP usage:
· IETF MMUSIC drafts [1a, 1b] relates to protocol layers DTLS and SCTP association
· IETF MMUSIC draft [2] relates to WebRTC DC in general and
· IETF MMUSIC drafts [3a, 3b, 3c] is about the SDP parameter profiling for specific WebRTC data applications.

2.2	Reference point W3 (IP media plane)
DCEP is not used in case of SIP-based WebRTC call control signalling (see CR C1-154073).

2.3	Reference point Iq (WebRTC gateway control signalling)
Dedicated H.248 packages are used for WebRTC DC control. All required H.248.x Recommendations are technically stable and were recently consented by ITU-T (see also C4-151929).



Figure 1: Relevant signalling protocols for WebRTC data applications within IMS-WebRTC

3. Summary
CT4 (Iq H.248): 
All relevant ITU-T Recommendations are ready for use. WebRTC data applications T.140 and BFCP could be already supported from H.248 WebRTC gateway perspective.
CT1 (W2 with SIP):
The introduction and support of WebRTC data applications with SIP-based WebRTC call control signalling is currently delayed by lacking progress on required SDP extensions. CT1 WebRTC proponents need to agree how and where the correspondent SDP extensions should be standardized. There are at least two options:
O1:  Where? => IETF MMUSIC 
What? => DC usage SDP profiles such as [3a] for MSRP (Note: Alcatel-Lucent submitted correspondent proposals to MMUSIC for T.140 [3b] and BFCP [3c], - however, so far no real support by other 3GPP CT1 parties.)
O2:  Where? => 3GPP CT1 
What? => DC usage SDP profiles for T.140 and BFCP by limiting the scope on the SDP parameter values only and refering to [3a] as baseline reference concerning the principle SDP O/A of application protocol specific DCs (for further studies).

Any opinions by CT1 delegates on the further proceeding would be appreciated.
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