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4.3.1.3	Media transport (RTC-4m) procedures
This interface is used for transmission of media and other related data between two or more WebRTC endpoints. The WebRTC framework of the RTC endpoint send/receive the media data, application data and/or media related meta-data to/from RTC AS (e.g., MF) or other RTC endpoint based on the input from the RTC aware application (e.g., Native WebRTC app and Web app). 
In the context of this specification for webRTC endpoints, neither the requirements for WebRTC endpoints for audio codecs as defined in IETF RFC RFC 7874 [29] nor the requirements for WebRTC endpoints for video codecs as defined in IETF RFC 7742 [30] apply. For codecs support in webRTC endpoints in the context of this specification, please refer to clause 4.X.
Media transport for RTC-4m is established based on the collaboration scenario defined in 3GPP TS 26.506 [2] and the signalling protocol applied for the media session establishment.
=====  CHANGE =====
4.X	Codecs and Media Handling
This specification primarily specifies the protocols and APIs for real-time communication. The APIs and protocols defined in this specification are not restricted to specific codecs or media capabilities. For avoidance of any doubts , neither the requirements for WebRTC endpoints for audio codecs as defined in IETF RFC RFC 7874 [29] nor the requirements for WebRTC endpoints for video codecs as defined in IETF RFC 7742 [30] apply. 
However, in order to support minimum service interoperability, a terminal implementing the protocols and APIs defined in the present document should implement the UE codec and media handling requirements as specified in TS 26.114 [20]. If transcoding free operation to UEs implementing IMS-based Codecs and media capabilities as definded TS 26.114 [20] is supported, then shall implement the UE codec and media handling requirements as specified in TS 26.114 [20]. 


