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1. Introduction

Skeleton for the newly created specification dedicated to WebRTC access to IMS.
2. Reason for Change

Skeleton 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 * * * *

3rd Generation Partnership Project;

Technical Specification Group Core Network and Terminals;
Web Real Time Communication (WebRTC) Access to IMS; 
Stage 3

Protocol specification 
(Release 12)
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Foreword

This Technical Specification has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

1
Scope

Editor's note: This clause introduces the scope of this specification.

2
References

3
Definitions and abbreviations

3.1
Definitions
3.2
Abbreviations
4
Overview of WebRTC access to IMS
Editor's note: This clause introduces the underlying assumptions of the work and the WebRTC specific enhancements to SIP and SDP beyond those specified in 3GPP TS 24.229 [X2].
4.1
General

4.2
Assumptions
4.3
WebRTC specific enhancements to SDP

Editor's note: 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.

4.4
WebRTC specific enhancements to SIP
Editor's note: SIP enhancements about how to use SIP over WebSocket.

5
Functional entities
Editor's note: This clause includes the functional entities for the WebRTC access to IMS described in the stage 2 architecture documents.
6
Roles for registration and authentication in IMS
Editor's note: This clause specifies procedures that are related to registration and authentication in the IMS that are required for support of WebRTC. Procedures of the following registration scenarios in each function entity are described respectively in sub clauses,
· WIC registration of individual Public User Identity using IMS authentication
· WIC registration of individual Public User Identity based on web authentication
· WIC registration of individual Public User Identity from a pool of Public User Identities.
6.1
General
Editor's note: General description, assumption, and principles of the solution.
6.2
WIC (WebRTC IMS Client)
6.3
WWSF (WebRTC Web Server Function)
6.4
eP-CSCF (P-CSCF enhanced for WebRTC)
7
Roles for audio/video call origination
Editor's note: This clause specifies procedures that are related to audio/video call origination in the IMS that are required for support of WebRTC. This clause includes both call establishment procedure and call release procedure. The following aspects are described respectively from the perspective of each entity:

· the handling of SDP, SRTP-DTLS for example, 

· the JSEP-SIP mapping or conversion in eP-CSCF,

· eP-CSCF discovery, 
· IMPU assignment for anonymous users.
7.1
General    
7.2
WIC (WebRTC IMS Client)
7.3
WWSF (WebRTC Web Server Function)
7.4
eP-CSCF (P-CSCF enhanced for WebRTC)
7.5
eIMS-AGW (IMS Access GateWay enhanced for WebRTC)
8
Roles for data call origination

Editor's note: This clause specifies procedures that are related to data call origination in the IMS that are required for support of WebRTC. The following sub-clauses describe the functions and procedures each entity performed respectively. Basic data channel establishment and the usage of data channel to transport other application protocols are included.
8.1
General    

8.2
WIC (WebRTC IMS Client)
8.3
WWSF (WebRTC Web Server Function)
8.4
eP-CSCF (P-CSCF enhanced for WebRTC)
8.5
eIMS-AGW (IMS Access GateWay enhanced for WebRTC)
9
Roles for audio/video call termination

Editor's note: This clause specifies procedures that are related to audio/video call termination in the IMS that are required for support of WebRTC. The following sub-clauses describe the functions and procedures each entity performed respectively. Both call establishment procedure and call release procedure are included. 
9.1
General
9.2
WIC (WebRTC IMS Client)
9.3
WWSF (WebRTC Web Server Function)
9.4
eP-CSCF (P-CSCF enhanced for WebRTC)
9.5
eIMS-AGW (IMS Access GateWay enhanced for WebRTC)
10
Roles for data call termination

Editor's note: This clause specifies procedures that are related to data call termination in the IMS that are required for support of WebRTC. The following sub-clauses describe the functions and procedures each entity performed separately. Basic data channel establishment and the usage of data channel to transport other application protocols are included.
10.1
General
10.2
WIC (WebRTC IMS Client)
10.3
WWSF (WebRTC Web Server Function)
10.4
eP-CSCF (P-CSCF enhanced for WebRTC)
10.5
eIMS-AGW (IMS Access GateWay enhanced for WebRTC)
11
Roles for call modification
Editor's note: This clause describes the JSEP-SIP signalling mapping and other possible handling in eP-CSCF when it receives re-invite message either from WIC or IMS core side.
Annex A (informative):
Example signalling flows
Editor's note: This annex includes signalling flows for WebRTC access to IMS which provide examples of WebRTC specific behaviour.
A.1
Scope of signalling flows
A.2
Introduction
A.3
Signalling flows for registration

A.3.1
WIC registration of individual Public User Identity using IMS authentication
A.3.2
WIC registration of individual Public User Identity based on web authentication
A.3.3
WIC registration of individual Public User Identity from a pool of Public User Identities
A.4
Signalling flows for call origination
A.4.1
Audio/video call origination
A.4.2
Data call origination
A.5
Signalling flows for call termination

A.5.1
Audio/video call termination
A.5.2
Data call termination
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