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1. Introduction

This document proposes references are included to the fundamental IETF documentation, as represented by draft-ietf-rtcweb-overview.
2. Reason for Change

2.1 Additional requirements
It is necessary that the normal rtcweb documentation is referenced. The document that provides the overall reference is draft-ietf-rtcweb-overview, which then is divided into sections that reference more specific rtcweb documents. The latest version of the document now does contain normative language.
In summary, this document contains:

· Section 4, "data transport", which references draft-ietf-rtcweb-transports
· Section 5, "data framing and securing", which references RFC 3550, RFC 3711. RTP is covered in draft-ietf-rtcweb-rtp-usage. Further references are to draft-ietf-rtcweb-security and draft-ietf-rtcweb-security-arch. Non-RTP is covered in draft-ietf-rtcweb-data-channel, which is already referenced in the document but only in terms of specific functions.
· Section 6, "data formats", which references draft-cbran-rtcweb-codec which is a placeholder for any future videocodec discussion, and currently contains no other requirement. It is understood this will be removed, but it is assumed that all codec requirements, including the audio codec requirements, should be here.
· Section 7, "connection management", which references SDP offer / answer requirements and draft-ietf-mmusic-unified-plan.
· Section 8, "presentation and control", which references the W3C documents for the API. It is not clear that the API statements will end up being normative requirements.
· Section 9, "local system support functions", references draft-ietf-rtcweb-audio, but also has some statements about echo cancellation, privacy and automatic gain control.
· Section 11, "security considerations", references draft-ietf-rtcweb-security
It is proposed that clauses are created for all of these, except for currently "security considerations. This will allow 3GPP to flexibly amend and update this as:

· IETF develops new documents that do not necessarily get reflected in the overview document in the future.

· 3GPP identifies its own requirements in this area, such as e.g. regarding codecs.
New clauses on "data framing and securing" and "data formats" may need to incorporate existing text and proposed text on data channel usage.

The references from security considerations are already contained in the section on data framing and securing.

2.2 Strength of requirements

3GPP CT1 has already had discussions on the strength of requirements applied to variously the WIC, the WWSF and the e-PCSCF. As a starting point for discussion, the following is proposed:
· The eP-CSCF shall support the browser functionality as specified in draft-ietf-rtcweb-overview.

· [Do we need to add words "in respect of the protocol exchanged with the WIC"?]

· The WIC is expected to support the browser functionality as specified in draft-ietf-rtcweb-overview

· The WSWF is expected to support the server functionality as specified in draft-ietf-rtcweb-overview

3. Conclusions

Changes will reflect references to specific clauses within the overview document.
4. Proposal

It is proposed to agree the following changes to 3GPP TS 24.371 and version 0.2.0.
* * * First Change * * * *
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Definitions and abbreviations

3.1
Definitions
For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [1] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in 3GPP TR 21.905 [1].
3.2
Abbreviations
For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].
4
Overview of WebRTC access to IMS
Editor's note: This clause introduces the solution of WebRTC clients to access IMS.
4.1
General
The relationship between functional entities for the interface at the W1 reference point, between the WWSF and the UE, the interface at the W2 reference point, between the eP-CSCF and the UE, and the interface at the W3 reference point, between the UE and the eIMS-AGW, are defined in annex U of 3GPP TS 23.228 [4].

The relationship between the functional entities for interface at the Mw reference point, between the eP-CSCF and the remainder of the IP multimedia core network subsystem, is defined in 3GPP TS 23.228 [4].
A number of appropriate mechanisms exist for signalling communication between the WIC and the eP-CSCF. Sucessful use of a mechanism other than those specified in this document will require some form of prior agreement between the operator of the WWSF and the operator of the eP-CSCF, as to the nature of the signalling mechanism that is to be adopted, and therefore the interworking required at the eP-CSCF. The mechanism of prior agreement and the nature of such agreement is not defined in this document.

A signalling transport mechanism for SIP is standardised in this release of this document, i.e. SIP over websockets (see RFC 7118 [2]), but this is not a mechanism that has to be supported by all eP-CSCFs.

When SIP over websockets is used, it can be appropriate for the SIP used to conform to the definitions for SIP on the Gm reference point as specified in 3GPP TS 24.229 [3]. Such a requirement is not mandatory, but where other SIP mechanisms are used:

a)
the usage will require some form of prior agreement with the operator of the eP-CSCF, as to the nature of the signalling mechanism that is to be adopted; and

b)
the SIP mechanisms will have to enable the eP-CSCF to conform to the SIP requirements over the Mw reference point to the remainder of the IP multimedia core network subsystem as specified in 3GPP TS 24.229 [3].

SDP is used for the signalling session information between the WIC and the eP-CSCF. Such SDP conforms to requirements for SDP on the Gm reference point.
For the WWSF, the nature of the requirements needs to be reviewed. Are requirements made on the WWSF, or is this a function of the application that the WWSF supports.
5
Functional entities
Editor's note: This clause introduces the functional entities for the WebRTC clients to access IMS.
5.1
General
5.2
WIC (WebRTC IMS Client)
A WebRTC IMS Client (WIC) establishing the service control signalling path over W2 interface, that is compliant with this specification shall implement the role of WIC capabilities defined in subclause 6.2, subclause 7.2 and subclause 8.2.
Where SIP over websockets is used, as specified in RFC 7118 [2], and no alternative SIP profiles have been agreed between the operator of the eP-CSCF and the operator of the WWSF, then the SIP used by the WIC over the W2 reference point shall conform to the requirements for UE over the Gm reference point as specified in 3GPP TS 24.229 [3].

The SDP used shall conform to the requirements for UE over the Gm reference point as specified in 3GPP TS 24.229 [3].
Editor's note: If specific exceptions are identified in this document, then this subclause will also need to point to those exceptions.
5.3
WWSF (WebRTC Web Server Function)
The WebRTC Web Server Function (WWSF) is the initial point of contact in the Web that controls access to the IMS communications services for the WIC as specified in 3GPP TS 23.228 [4].
5.4
eP-CSCF (P-CSCF enhanced for WebRTC)
For the Mw reference point, the eP-CSCF shall conform to the requirements for the P-CSCF as specified in 3GPP TS 24.229 [3].

Where SIP over websockets is used, as specified in RFC 7118 [2], and no alternative SIP profile have been agreed between the operator of the eP-CSCF and the operator of the WWSF, then the SIP used by the eP-CSCF over the W2 reference point shall conform to the requirements for P-CSCF over the Gm reference point as specified in 3GPP TS 24.229 [3].

The SDP used by the eP-CSCF over the W2 reference point used shall conform to the requirements for UE over the Gm reference point as specified in 3GPP TS 24.229 [3].

Editor's note: If specific exceptions are identified in this document, then this subclause will also need to point to those exceptions.
5.5
eIMS-AGW (IMS Access GateWay enhanced for WebRTC)
5A
Data transport
5A.1
General

5A.2
WIC (WebRTC IMS Client)
The WIC is expected to support the browser functionality as specified in draft-ietf-rtcweb-overview [xx] clause 4.
Editor's note: This clause references draft-ietf-rtcweb-transports-05 which uses the terminology "implementation" and "RTCWEB implementation" for both ends of the transport. The terminology used here needs to be aligned to cater for this inconsistency. STUN and TURN introduce further "server" and "client" terminology that has to be allowed for.

5A.3
WWSF (WebRTC Web Server Function)
The WSWF is expected to support the server functionality as specified in draft-ietf-rtcweb-overview [xx] clause 4.
Editor's note: This clause references draft-ietf-rtcweb-transports-05 which uses the terminology "implementation" and "RTCWEB implementation" for both ends of the transport. The terminology used here needs to be aligned to cater for this inconsistency. STUN and TURN introduce further "server" and "client" terminology that has to be allowed for.

5A.4
eP-CSCF (P-CSCF enhanced for WebRTC)
The eP-CSCF shall support the browser functionality as specified in draft-ietf-rtcweb-overview [xx] clause 4.

Editor's note: This clause references draft-ietf-rtcweb-transports-05 which uses the terminology "implementation" and "RTCWEB implementation" for both ends of the transport. The terminology used here needs to be aligned to cater for this inconsistency. STUN and TURN introduce further "server" and "client" terminology that has to be allowed for.
5B
Data framing and securing
5B.1
General

5B.2
WIC (WebRTC IMS Client)
The WIC is expected to support the browser functionality as specified in draft-ietf-rtcweb-overview [xx] clause 5.
Editor's note: This clause references RFC 3550 which uses the terminology "RTP implementation" for both ends of the RTP. This clause references draft-ietf-rtcweb-rtp-usage which uses the terminology "RTCWEB implementation" or "implementation" for both ends of the RTP. This clause references draft-ietf-rtcweb-data-channel, draft ietf-rtcweb-data-protocol, and draft-ietf-rtcweb-security which are unspecific in their terminology. This clause references draft-ietf-rtcweb-sercurity-architecture which uses the terms "browser" and "server". The terminology used here needs to be aligned to cater for these inconsistencies.

5B.3
WWSF (WebRTC Web Server Function)
The WSWF is expected to support the server functionality as specified in draft-ietf-rtcweb-overview [xx] clause 5.
Editor's note: This clause references RFC 3550 which uses the terminology "RTP implementation" for both ends of the RTP. This clause references draft-ietf-rtcweb-rtp-usage which uses the terminology "RTCWEB implementation" or "implementation" for both ends of the RTP. This clause references draft-ietf-rtcweb-data-channel, draft ietf-rtcweb-data-protocol, and draft-ietf-rtcweb-security which are unspecific in their terminology. This clause references draft-ietf-rtcweb-sercurity-architecture which uses the terms "browser" and "server". The terminology used here needs to be aligned to cater for these inconsistencies.

5B.4
eP-CSCF (P-CSCF enhanced for WebRTC)
The eP-CSCF shall support the browser functionality as specified in draft-ietf-rtcweb-overview [xx] clause 5.
Editor's note: This clause references RFC 3550 which uses the terminology "RTP implementation" for both ends of the RTP. This clause references draft-ietf-rtcweb-rtp-usage which uses the terminology "RTCWEB implementation" or "implementation" for both ends of the RTP. This clause references draft-ietf-rtcweb-data-channel, draft ietf-rtcweb-data-protocol, and draft-ietf-rtcweb-security which are unspecific in their terminology. This clause references draft-ietf-rtcweb-sercurity-architecture which uses the terms "browser" and "server". The terminology used here needs to be aligned to cater for these inconsistencies.

5C
Data formats

5C.1
General

5C.2
WIC (WebRTC IMS Client)
The WIC is expected to support the browser functionality as specified in draft-ietf-rtcweb-overview [xx] clause 6.
Editor's note: This clause references draft-ietf-rtcweb-audio which uses the terminology "WebRTC clients" for both ends of the RTP. The terminology used here needs to be aligned to cater for these inconsistencies.
Editor's note: It needs to be decided whether this specification should make any requirements on codec specifications, or whether that should be made solely by an SA4 specification. No WEBRTC work is currently in progress in SA4.
5C.3
WWSF (WebRTC Web Server Function)
The WSWF is expected to support the server functionality as specified in draft-ietf-rtcweb-overview [xx] clause 6.
Editor's note: This clause references draft-ietf-rtcweb-audio which uses the terminology "WebRTC clients" for both ends of the RTP. The terminology used here needs to be aligned to cater for these inconsistencies.

Editor's note: It needs to be decided whether this specification should make any requirements on codec specifications, or whether that should be made solely by an SA4 specification. No WEBRTC work is currently in progress in SA4.

5C.4
eP-CSCF (P-CSCF enhanced for WebRTC)
The eP-CSCF shall support the browser functionality as specified in draft-ietf-rtcweb-overview [xx] clause 6.
Editor's note: This clause references draft-ietf-rtcweb-audio which uses the terminology "WebRTC clients" for both ends of the RTP. The terminology used here needs to be aligned to cater for these inconsistencies.

Editor's note: It needs to be decided whether this specification should make any requirements on codec specifications, or whether that should be made solely by an SA4 specification. No WEBRTC work is currently in progress in SA4.

5D
Connection management
5D.1
General

5D.2
WIC (WebRTC IMS Client)
The WIC is expected to support the browser functionality as specified in draft-ietf-rtcweb-overview [xx] clause 7.
5D.3
WWSF (WebRTC Web Server Function)
The WSWF is expected to support the server functionality as specified in draft-ietf-rtcweb-overview [xx] clause 7.
5D.4
eP-CSCF (P-CSCF enhanced for WebRTC)
The eP-CSCF shall support the browser functionality as specified in draft-ietf-rtcweb-overview [xx] clause 7.
5E
Presentation and control

5E.1
General

5E.2
WIC (WebRTC IMS Client)
The WIC is expected to support the browser functionality as specified in draft-ietf-rtcweb-overview [xx] clause 8.
Editor's note: This clause only references APIs produced by W3C. It needs to be decided whether API references within the scope of this specification.

5E.3
WWSF (WebRTC Web Server Function)
The WSWF is expected to support the server functionality as specified in draft-ietf-rtcweb-overview [xx] clause 8.
Editor's note: This clause only references APIs produced by W3C. It needs to be decided whether API references within the scope of this specification.

5E.4
eP-CSCF (P-CSCF enhanced for WebRTC)
The eP-CSCF shall support the browser functionality as specified in draft-ietf-rtcweb-overview [xx] clause 8.
Editor's note: This clause only references APIs produced by W3C. It needs to be decided whether API references within the scope of this specification.

5F
Local system support functions

5F.1
General

5F.2
WIC (WebRTC IMS Client)
The WIC is expected to support the browser functionality as specified in draft-ietf-rtcweb-overview [xx] clause 9.
5F.3
WWSF (WebRTC Web Server Function)
The WSWF is expected to support the server functionality as specified in draft-ietf-rtcweb-overview [xx] clause 9.
5F.4
eP-CSCF (P-CSCF enhanced for WebRTC)
The eP-CSCF shall support the browser functionality as specified in draft-ietf-rtcweb-overview [xx] clause 9.
6
Registration and authentication
Editor's note: This clause specifies procedures that are related to registration and authentication.
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