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1 Introduction

The work item on "Media Handling Aspects of IMS-based Telepresence" (IMS_TELEP_S4) as defined in SP-140483.zip was approved during SA#65 in September 2014. 

This work item aims to specify the media handling aspects of IMS-based telepresence in 3GPP services. This includes specification of codec requirements for a telepresence UE (TP UE), which is expected to not only support MTSI UE media handling capabilities, but also more advanced media handling capabilities. Other SA4-level media handling aspects such as media configuration and session control, data transport, media adaptation, QoS handling and interworking with MTSI are also within scope of this work item.
Among the objectives of the work item to study on the media handling aspects of IMS-based telepresence in 3GPP services in the context of the following:

· Media codecs (speech, video, real-time text) for IMS-based telepresence 

· Media handling requirements and guidelines for fixed-mobile interworking as well as interworking with MTSI and with GSMA’s IMS profile on High-Definition Video Conference (HDVC) service in IR.39 

WebRTC endpoints (as defined in IETF [X5]/W3C [X6]) or WebRTC IMS Client (WIC) endpoints (as defined in 3GPP TS 23.228 [X7] ) are likely endpoints that can connect to IMS telepresence system. 

As illustrated in TR26.923, Personal Computer B could be a WebRTC endpoint, while Mobile phone B could be a WIC endpoint or vice versa. Interworking with TP UE and TP systems is proposed to be addressed. 
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Figure 4.2 – Interconnection of Telepresence
This document proposes to discuss the interworking of 3GPP IMS telepresence with IETF WebRTC endpoints, and possibly with 3GPP WIC enpoints as defined in [X7]. As such a new section 5.4 WebRTC and Telepresence interworking is proposed to be added in the TR 26.923
2 Proposed new 5.4 section

5.4 WebRTC and Telepresence interworking
 5.4.1 Introduction on WebRTC and WebRTC over IMS 
WebRTC is defined in IETF as Real Time Protocols for browser-based application. Real Time multimedia communication is enabled between WebRTC endpoints (both browser and non-browser) implementing the WebRTC protocols.
WebRTC over IMS is defined in 3GPP and extend/restrict the WebRTC protocols to the IMS/SIP protocols in used in the IMS 3GPP ecosystem. 

5.4.2 Media Handling in WebRTC and WIC

5.4.2.1 Data channels and stream bundling
A clue data channel is based upon a WebRTC data channel with some clue extensions as defined in https://tools.ietf.org/html/draft-ietf-clue-datachannel-09. [X1]
A WebRTC data channel in the 3GPP IMS infrastructure differs from the IETF WebRTC data channel as stream bundling is disallowed as per section 7.4.2 of TS 24.371 [X2].

Stream bundling is a key element of a Clue/ telepresence session as specified in https://www.ietf.org/id/draft-ietf-clue-signaling-05.txt [X3]
5.4.2.2 Voice Codecs

Mandatory voice codec requirements of IETF WebRTC are OPUS and G711. Codec requirements for a WIC are those in TS 26.114 for accessing 3GPP IMS system.  
Section 12.7 of 26.114 defines the inter-working procedures with other IMS and non-IMS IP networks. For wideband speech, AMR-WB is mandated and both G.722 and linear 16 bit PCM are recommended. None of these codecs are required/supported by IETFC WebRTC endpoints. Transcoding from MTSI codec to OPUS and vice versa may not yield to an optimal audio quality.
In annex U.1.3.4 of TS 23.228, it is highlighted that The IMS-AGW enhanced for WebRTC (eIMS-AGW) is a standard IMS-AGW with the following additional mandatory characteristics and functions:

-
The eIMS-AGW shall support the media plane interworking extensions as needed for WICs.

-
The eIMS-AGW may be used to perform any transcoding needed for audio and video codecs supported by the browser.

It should be noted that GSMA has produce a document related highlighting the need to avoid transcoding when a WebRTC service is deployed over web-platform and mobile terminals. [X4]
5.2.4 Gap Analysis

The observed gaps from a media handling perspective include the following:

· Voice codec: For a TP UE to interwork with WebRTC browsers or non-IMS WebRTC client, whether on fix access points or mobile access points, additional codec requirements are needed. In addition to MTSI codecs: 
· OPUS codec to be mandatorily supported by the TP MGWs if defined, the WIC MGWs or the MTSI MGWs.  
· Alternatively or in addition, in order to avoid transcoding, OPUS codec to be recommended (or mandated) to be supported by the TP UE and/or WIC client.
· Data channels and stream bundling
· It should be considered whether the TP system will need to support both a CLUE datachannel and WebRTC datachannel to allow interoperability with WebRTC client.

· It should be considered whether the TP system will need to support both Stream bundling and unbundled streams to allow interoperability with WIC client.
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