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1. Background
In addition to the codec issue about which CT1 have sent a liaison to SA4 on we have additional concerns. In particular we have concerns about the changes introduced into TS 24.371 by P-CR C1-144993 relating to new WebRTC terminology and the associated requirements impacting the UE. The current IMS_WebRTC work item (CP-140192) primary focus is on the Core Network and indeed the impacts on the UE (ME) are only indicated as Don’t Know. 
2. Discussion

The situation in IETF regarding the terminology is very fluid currently with the terminology and definition text still under discussion. In fact the terminology introduced into TS 24.371 by the above mentioned P-CR did not even exist in the version of draft-ietf-rtcweb-overview available at the time of the CT1 discussion and was only recently (November 28th) introduced in the latest version and is still under discussion on the IETF list.
The use of the terminology and the associated definitions is important as the terminology mandates significant functionality that must be supported by the UE including some functionality which is either redundant due to other overriding statements in TS 24.371 regarding blocking its use by the network or in the view of some terminal vendors unsuitable for use on a 3GPP mobile network.

The WebRTC IMS client was in earlier versions of TS 24.371 referred to as the WIC client (UE). However, in the version of TS 24.371 coming for approval (CP-140808), it is now stated that the UE shall support one of the IETF defined WebRTC User Agent (WebRTC UA), WebRTC Browser, WebRTC device and WebRTC endpoint functions.

It should be noted that in IETF, other entities also defined are:
· A WebRTC-compatible endpoint is an endpoint that is capable of successfully communicating with a WebRTC endpoint, but may fail to meet some requirements of a WebRTC endpoint. This may limit where in the network such an endpoint can be attached, or may limit the security guarantees that it offers to others. 

· A WebRTC gateway is a WebRTC-compatible endpoint that mediates traffic to non-WebRTC entities.

It seems that the WIC client on the UE should instead, or in addition, be defined as a WebRTC-compatible endpoint since:

· 3GPP has modified the security function of IETF WebRTC (e.g. Secure RTP is not supported end to end)

· 3GPP has modified the discovery mechanism and standardized use of specific protocols in the Javascript (e.g. SIP)

· 3GPP does not support the use of media multiplexing (network blocking the use of bundle)

· 3GPP codecs (i.e AMR) will need to be mandated in the IMS context and some exceptions on IETF mandated codecs may be required. (see liaison to SA4)

By changing the terminology without further considerations given to what this entails, and which IETF functions are then incorporated, the 3GPP specification will likely contain conflicting statements.

As an example, the current terminology is understood to require the support of bundle by (draft-ietf-mmusic-sdp-bundle-negotiation) by the UE. However in 7.42 of TS 24.371 it states:

“The eP-CSCF shall not use bundled media as described in draft-ietf-mmusic-sdp-bundle-negotiation [25], i.e. the eP-CSCF shall remove the SDP group attribute BUNDLE value, and any m- line that in the received SDP offer contained an SDP "bundle-only" attribute, from the SDP offer.”

Requiring support for something through the mere inclusion of definition terminology that if used by the UE is then blocked by the network makes no sense. It is understood that if the WIC client is a WebRTC endpoint (browser or non-browser) it is mandated to support bundle and certain codecs which may not be suitable for the 3GPP mobile environment (i.e. G.711 and VP8). However, if the WIC client is defined as a WebRTC-compatible endpoint (which isn’t fully compliant with everything in the WebRTC RFCs), this would be more in line with the functionality actually allowed by the network procedures in TS 24.371.

As mentioned already the terminology definition in IETF is unstable and cannot at this point in time be relied upon not to change and those changes could have significant impacts on what the UE is mandated to support. 3GPP should not blindly accept IETF decisions on mandating addition of major functionality (we are not just talking protocol details in the case of WebRTC) without companies having the ability to discuss and if necessary modify the mandatory requirements if they are not suitable for the 3GPP mobile environment where considerations such as bandwidth and battery life are much more relevant than in the wider internet.

It should be understood when approving TS 24.371 that the underlying IETF work is still very unstable and likely to undergo major changes during the next year. Some of those changes may have significant impacts and be unsuited for the mobile environment. As such the inclusion of new requirements due to the inclusion of WebRTC terminology in 24.371 still needs further consideration and the specification cannot in reality be considered to be functionally frozen. 

3. Proposal
It should be noted in the meeting report that while TS 24.371 is approved and placed under change control, the normal rules on no functional changes allowed on a frozen specification do not apply to TS 24.371 yet, since as long as the referenced IETF work is continually changing in significant ways the specification cannot be considered functionally frozen. Companies are welcome to bring change requests to TS 24.371 to modify the functionality that is included by reference to IETF drafts or recently published RFCs if they believe that functionality not to be appropriate. The functional freeze status of TS 24.371 is to be determined at a later date by TSG CT based on the eventual stabilization of the referenced IETF work.
