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Abstract of the contribution: the paper suggests an architectural alternative for WebRTC-IMS-interworking.
1. Discussion
Section 2 offers a new architectural alternative for the interworking between WebRTC and IMS.
2. Proposed text for TR 23.701
*** FIRST CHANGE ***
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Definitions, symbols and abbreviations

Delete from the above heading those words which are not applicable.

Clause numbering depends on applicability and should be renumbered accordingly.

3.1
Definitions

For the purposes of the present document, the terms and definitions given in TR 21.905 [x] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in TR 21.905 [x].

Definition format (Normal)

<defined term>: <definition>.

example: text used to clarify abstract rules by applying them literally.

3.2
Symbols

For the purposes of the present document, the following symbols apply:

Symbol format (EW)

<symbol>
<Explanation>

3.3
Abbreviations

For the purposes of the present document, the abbreviations given in TR 21.905 [x] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in TR 21.905 [x].

Abbreviation format (EW)

3GPP

Third Generation Partnership Project

AF

Application Function

API

Application Programming Interface

CSCF

Call State Control Function
DTLS-SRTP

Datagram Transport Layer Security SRTP
EPC

Evolved Packet Core
Gwebrtc

Interface between the WebRTC client and the WebRTC Signalling-GW

HSS

Home Subscriber Server

ICE

Interactive Connectivity Establishment

IETF

Internet Engineering Task Force

IMS

IP Multimedia Subsystem

IP 

Internet Protocol

I-CSCF

Interrogating CSCF

JSEP

Javascript Session Establishment Protocol

NAT

Network Address Translation

P-CSCF

Proxy CSCF

PCC

Policy Control and Charging

PCRF

Policy and Charging Rules Function

QoS

Quality of Service

RCS

Rich Communication Suite

RFC

Request for Comments

RTP

Real-time Transport Protocol

S-CSCF

Serving CSCF

SDP

Session Description Protocol

SIP

Session Initiation Protocol

SRTP

Secure RTP

WebRTC

Web Real-Time Communication
WebRTC Signaling-GW
Mediation function between a WebRTC client and IMS for the control plane

WebRTC Media-GW
Mediation function between WebRTC client and IMS for the media plane
<ACRONYM>
<Explanation>

*** NEXT CHANGE ***
6
Solutions
Editor’s Note: This clause is intended to document architecture solutions. 

6.X
Solution X: WebRTC Gateway 
6.X.1
Overview 

    Editor’s Note: General description, assumption, and principles of the solution. 
In the approach, the WebRTC network becomes another “access network” to IMS.
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Figure 6.X.1-1: WebRTC to access IMS services via Mw
NOTE 1:
Over the Gwebrtc interface several protocol options are possible, e.g. SIPoWebSockets, REST.
NOTE 2:
It is an implementation decision whether to implement the WebRTC Signaling-GW as a standalone entity or collocated with an existing entity such as the P-CSCF.
NOTE 3:
It is an implementation decision whether to implement the WebRTC Media-GW as a standalone entity or collocated with an existing entity such as the IMS-AGW.
NOTE 4:
Enhancements to Rx, Gx and Iq interfaces may be required, which is why the figure 6.X.1-2 shows Rx(+), Gx(+) and Iq(+).
Editor’s Note: The usage of an I2 interface instead of Mw is FFS.

6.X.2
Description of the solution - Procedures

    Editor’s Note: Describes the high-level operation, procedures and information flows for the solution.
6.X.2.1
Functions of the WebRTC Signalling-GW

The WebRTC Signaling-GW provides the following functions:
1.
The WebRTC Signaling-GW shall perform interworking between the protocol used on the Gwebrtc interface and SIP used on the Mw interface.
NOTE 1:
WebRTC does not define a signaling protocol; it just defines that SDP and offer/answer exchanges must be used, such that the endpoints can agree on the actual media flows to be exchanged [4]. 
2.
SDP mediation
a.
Signaling of RTP multiplexing [7]. The WebRTC Signaling-GW shall either negotiate with the UE that RTP multiplexing is not used or shall negotiate RTP multiplexing towards the UE, but not towards the IMS.
b.
Use of the SDP extension for signaling of RTP and RTCP multiplexing [8]. The WebRTC Signaling-GW shall either negotiate with the UE that RTP and RTCP multiplexing is not used or shall negotiate RTP and RTCP multiplexing towards the UE, but not towards the IMS.
c.
ICE handling: The WebRTC Signaling-GW shall negotiate the usage of ICE with the UE. It is anticipated that procedures similar to those described in TS 29.229 [10] sub-clause 6.7 can be used.
d.
Possible support of trickle ICE signaling [9]. The WebRTC Signaling-GW shall either negotiate with the UE that trickle ICE is not used or shall negotiate that trickle ICE is used towards the UE, but not towards the IMS.
Editor’s Note: The support for trickle ICE (which is not mandatory but speeds up session set-up) is FFS.
e. 
Transcoding: The WebRTC Signaling-GW may offer transcoding between audio codecs used in the UE and used by the IMS.
NOTE 2:
It is up to the operator to offer transcoding in other IMS nodes. 
f. 
The WebRTC Signalling-GW shall configure the WebRTC Media-GW according to the negotiated capabilities.
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Figure 6.X.2.1-1: WebRTC Signaling-GW functions

NOTE 3: References for JSEP in [4], SIPoWS in [5], REST in [6]. 

6.X.2.2
Functions of the WebRTC Media-GW

The WebRTC Media-GW provides the following functions:

1. The WebRTC Media-GW may provide transcoding capabilities.
NOTE 1:
It is up to the operator to provide transcoding capabilities in other IMS nodes. 
2.
The WebRTC Media-GW may be able to perform RTP multiplexing/de-multiplexing.
3.
The WebRTC Media-GW shall terminate DTLS-SRTP and mediate towards the RTP variant used in the IMS.
4.
The WebRTC Media-GW shall perform congestion control towards the UE as defined in [11] (using “RTP circuit breakers”).
5.
The WebRTC Media-GW shall support STUN usage to signal consent to keep receiving media streams from the remote peer [12].
6.
The WebRTC Media-GW shall support STUN connectivity checks.

[image: image3.emf]WebRTC Media-GW

WebRTC IMS

DTLS-SRTP

STUN

RTP

Circuit breakers

Consent freshness

Transcoder

RTP 

Mediator

STUN


Figure 6.X.2.2-1: WebRTC Media-GW functions
NOTE 2: References for DTLS-SRTP in [13], Circuit breakers in [11], STUN consent freshness in [12]. 

6.X.2.3
Functions of the PCC framework
The PCC integration is shown in figure 6.X.1-1 above and following functions are required:
1.
The PCC system is used to support the establishment of bearers for real-time media of WebRTC users.
2.
The PCC system requires the WebRTC Signaling GW to act as an AF in the sense of the 3GPP PCC architecture and support the Rx interface - or a variant of the Rx interface.
*** END OF CHANGES ***
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