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=====  CHANGE =====
[bookmark: _Toc133303912][bookmark: _Toc139015219][bookmark: _Toc152690181]2	References
The following documents contain provisions which, through reference in this text, constitute provisions of the present document.
-	References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.
-	For a specific reference, subsequent revisions do not apply.
-	For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.
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[20]	3GPP TS 26.114: " IP Multimedia Subsystem (IMS); Multimedia Telephony; Media handling and interaction".
[21]	IETF RFC 2616 (1999): "Hypertext Transfer Protocol -- HTTP/1.1".
[22]	IETF RFC 7478 (2015): "Web Real-Time Communication Use Cases and Requirements".
[23]	3GPP TS 26.119: "Media Capabilities for Augmented Reality"
[24]	3GPP TS 38.331: "NR; Radio Resource Control (RRC); Protocol specification".
[25]	Apple: "Getting Raw Accelerometer Events".
[26]	Google: "Sensor Coordinate System".
[27]	ITU-R Recommendation BT.601-7 (03/2011): "Studio encoding parameters of digital television for standard 4:3 and wide screen 16:9 aspect ratios".
[28]	Microsoft: "Microphone Array Geometry Descriptor Format".  
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End of Change

Start of Change 2 – New section

[bookmark: _Toc152690287]16	Media capabilities
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. In this specification, 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, to support minimum service interoperability, a terminal implementing the protocols and APIs defined in the present document shallis strongly recommended to implementsupport 
· The UE codec requirements for speech as specified in TS 26.114, if speech/audio is supported. 
· Tthe UE codec requirements for video as specified in TS 26.114, if video is supported.
In case <split rendering? are there more exceptions?> is supported, then the above mentioned UE codec requirements for speech and video should be implemented.
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