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	Reason for change:
	24.371 v2.0.0 contains some inappropriate and misleading statements.

1) As part of the IMS-WebRTC work item, CT1 sent an LS CP-140869 / C1-145032 requesting SA4 to "inform CT1 which codecs are appropriate (or inappropriate) for use in the various access technologies supported by common IMS". CT1 needs to follow the SA4 decision in this matter as selection of codecs is part of SA4 terms of references in:

1.
Development and maintenance of specifications for speech, audio, video, and multimedia codecs, as required to enable services specified for 3G terminals and systems and  
5.
Interoperability aspects with existing mobile and fixed networks from codec point of view.
However, Editor's notes in subclauses 5C.2 and 5C.4 adresses codec issue (including status of codecs in IETF draft that are not up to date) which ignore SA4 guidance and override the following stage1 requirement of WebRTC of IMS (in TS 22.228): "The 3GPP UE shall make available for use by the WebRTC IMS client the codecs whose support is mandatory for the access technology being used to access IMS services"  
Furthermore, “No WEBRTC work is currently in progress in SA4” is not an appropriate statement in CT documentation. 
Finally, there should be no “should” or any normative statements in editor’s notes.
2) All clauses related to UE and eIMS-AGW may refer directly or indirectly to media related requirements to specific codec usage that are under SA4 responsibility and that should not be addressed by CT1 only in TS 24.371
3) Subclause 5F.2 describes some functionality relating to UE performance aspects which are part of SA4 terms of references:

4.
End-to-end performance, including terminal characteristics, of speech, audio, video, and multimedia services
Thus, CT1 needs to seek and follow SA4 guidance on this matter.


	
	

	Summary of change:
	For all relevant clauses related to UE or AGW, Editor’s notes are added that codec and media related requirements are within the remit of SA4
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	CT1 is unable to complete the work item with proper recommendations on codecs and related media aspects.

	
	

	Clauses affected:
	5A.2, 5A.4, 5B.2 5B.4, 5C.2, 5C.4, 5D.2, 5D.4, 5F.2

	
	

	
	Y
	N
	
	

	Other specs
	
	X
	 Other core specifications

	TS/TR ... CR ... 

	affected:
	
	X
	 Test specifications
	TS/TR ... CR ... 

	(show related CRs)
	
	X
	 O&M Specifications
	TS/TR ... CR ... 

	
	

	Other comments:
	


* * * First Change * * * *

5A.2
UE

A UE supporting WebRTC shall support the WebRTC device functionality as specified in draft-ietf-rtcweb-overview [xx] clause 4.

Editor's note: This clause references draft-ietf-rtcweb-transports-06 which uses the terminology "WebRTC browser", "WebRTC endpoint" and "WebRTC device" for both ends of the transport. STUN and TURN introduce further "server" and "client" terminology that has to be allowed for.

Note: Media related requirements relating to specific codec usage, if any, are within 3GPP SA4’s remit.
* * * Next Change * * * *
5A.4
eP-CSCF (P-CSCF enhanced for WebRTC)
The eP-CSCF and eIMS-AGW in conjunction shall support the WebRTC gateway functionality as specified in draft-ietf-rtcweb-overview [xx] clause 4 as modified by draft-alvestrand-rtcweb-gateways [yy].
Note: Media related requirements relating to specific codec usage, if any, are within 3GPP SA4’s remit.
* * * Next Change * * * *
5B.2
UE

A UE supporting WebRTC shall support the WebRTC endpoint functionality as specified in draft-ietf-rtcweb-overview [xx] clause 5.
Editor's note: This clause references RFC 3550 which uses the terminology "RTP implementation" for both ends of the RTP. This clause references draft-ietf-rtcweb-rtp-usage which uses the terminology "WebRTC endpoint" for both ends of the RTP, but also uses other terms e.g. "RTP endpoint".

Note: Media related requirements relating to specific codec usage, if any, are within 3GPP SA4’s remit.
* * * Next Change * * * *
5B.4
eP-CSCF (P-CSCF enhanced for WebRTC)
The eP-CSCF and eIMS-AGW in conjunction shall support the WebRTC gateway functionality as specified in draft-ietf-rtcweb-overview [xx] clause 5 as modified by draft-alvestrand-rtcweb-gateways [yy].
Note: Media related requirements relating to specific codec usage, if any, are within 3GPP SA4’s remit.
* * * Next Change * * * *
5C.2
UE

A UE supporting WebRTC shall support the WebRTC device functionality as specified in draft-ietf-rtcweb-overview [xx] clause 6, excluding requirements to implement specific audio and video codecs.
Editor's note: This clause references draft-ietf-rtcweb-audio which uses the terminology "WebRTC clients" for both ends of the RTP. The terminology used here needs to be aligned to cater for these inconsistencies.

Note: Requirements to implement specific audio and video codecs, if any, and media handling related to specific codec usage, if any, are within 3GPP SA4’s remit.
* * * Next Change * * * *
5C.4
eP-CSCF (P-CSCF enhanced for WebRTC)
The eP-CSCF and eIMS-AGW in conjunction shall support the WebRTC gateway functionality as specified in draft-ietf-rtcweb-overview [xx] clause 6 as modified by draft-alvestrand-rtcweb-gateways [yy], excluding requirements to implement specific audio and video codecs.

Note: Requirements to implement specific audio and video codecs, if any, and media handling related to specific codec usage, if any, are within 3GPP SA4’s remit.
* * * Next Change * * * *
5D.2
UE

A UE supporting WebRTC shall support the WebRTC browser or WebRTC device functionality as specified in draft-ietf-rtcweb-overview [xx] clause 7 as appropriate.
Editor's note: This clause references draft-ietf-rtcweb-jsep which uses the terminology "browser". The terminology used here needs to be aligned to cater for these inconsistencies.

Note: Media related requirements relating to specific codec usage, if any, are within 3GPP SA4’s remit.
* * * Next Change * * * *
5D.4
eP-CSCF (P-CSCF enhanced for WebRTC)
The eP-CSCF and eIMS-AGW in conjunction shall support the WebRTC gateway functionality as specified in draft-ietf-rtcweb-overview [xx] clause 7 as modified by draft-alvestrand-rtcweb-gateways [yy].
Note: Media related requirements relating to specific codec usage, if any, are within 3GPP SA4’s remit.
* * * Next Change * * * *
5F.2
UE

A UE supporting WebRTC shall support the WebRTC device functionality as specified in draft-ietf-rtcweb-overview [xx] clause 9.
Editor's note: This clause references draft-ietf-rtcweb-audio which uses the terminology "WebRTC clients" for both ends of the RTP. The terminology used here needs to be aligned to cater for these inconsistencies..
Note: The codec and media requirements contained in draft-ietf-rtcweb-audio are excluded from this reference, as media related requirements relating to specific codec usage, if any, are within 3GPP SA4’s remit.
