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1. Introduction
Scope for the newly created specification dedicated to WebRTC access to IMS.
2. Reason for Change
Scope for the newly created specification dedicated to WebRTC access to IMS.
3. Conclusions

N/A
4. Proposal

It is proposed to agree the following changes to 3GPP TS 24.371 V0.0.0.
* * * First Change * * * *

1
Scope

The present document provides the protocol details for the realization of WebRTC client, as a new access type, accessing to IMS. The protocol specified in this document is based on SIP over WebSocket as specified in RFC 7118 [X1], which is used as the information model which may be used by other options, the Session Description Protocol, and the RTCWEB related specifications defined in IETF (e.g. Javascript Session Establishment Protocol (JSEP) and data channel protocol).

This document makes some WebRTC specific enhancements to SIP and SDP beyond those specified in 3GPP TS 24.229 [X2]. SDP enhancements are related to the setup of DTLS session, SRTP description, the setup of data channel, and WebRTC media stream/media stream track description. The SIP enhancements about how to describe SIP over WebSocket are also included.

The present document is applicable to WebRTC clients, eP-CSCF and other IMS entities providing WebRTC’s accessing to IMS capabilities.
* * * End of Change * * * *

