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Abstract of the contribution:

The paper proposes an e2e communication solution for WebRTC IMS clients without the conversion for bearer level protocols and security protocols between WebRTC clients and IMS core.
Discussion

1. Background
In 3GPP WebRTC Release 12, in order for WebRTC client to have access to 3GPP IMS, and for interoperability between IMS and the WebRTC client, the WebRTC client media path is anchored in the eIMS-AGW. The IMS-AGW enhanced for WebRTC (eIMS-AGW) is responsible to support the media plane interworking extensions as needed for WICs and the bearer level protocol conversions between WIC and IMS, e.g. the conversion between SRTP and RTP, the termination of data channel, and the codec conversion. The media path is illustrated in figure 1-1, where the NAT and TURN/STUN server in the WebRTC client side is omitted in this figure.
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Figure 1-1: WebRTC IMS media path in R12

In 3GPP WebRTC R13, SA1 has the requirement for “Minimize the need for bearer level protocol conversion when supporting WebRTC media capabilities between WebRTC IMS clients without the need to convert to/from IMS protocols”. As described in IETF RTCWEB WG [draft-ietf-rtcweb-transports], when both the communicating sides are WebRTC Clients, the WebRTC clients can use the ICE mechanism to notify each other communication address candidates (host, reflexive, and relay), and choose a media path through connectivity checks. In Figure 1-2, some possible (not all) e2e media path are illustrated. In this case, the media path is not anchored in the eIMS-AGW and the bear level conversion is no longer required.
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Figure 1-2: e2e WebRTC media path in R13

When the originating end-point is a WebRTC client and the terminating end-point is a traditional SIP client which doesn’t support ICE mechanism and WebRTC specific media features, the media path must anchor in the eIMS-AGW to implement the media conversion between WebRTC media and IMS media. However, the originating side eP-CSCF is unaware of the client type of the terminating side, so the originating side eP-CSCF does not know whether the session media path needs to be anchored in the eIMS-AGW.

In this document, we propose a solution to transmit both the originating side WebRTC media SDP information and the IMS media SDP translated in the eP-CSCF and eIMS-AGW to the terminating side, to make the e2e media path possible when both sides are WebRTC clients.

2. Assumptions

To minimize effort for the work, the regulatory constrains set after the eP-CSCF receives the originating call INVITE message is not considered.
Proposal

It is proposed to update 23.706 as follows.
* * * First Change * * * *

2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

-
References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

-
For a specific reference, subsequent revisions do not apply.

-
For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[x]
3GPP TS 23.228: "IP Multimedia Subsystem (IMS); Stage 2".
* * * Next Change * * * *

8
Architectural aspects for minimizing the need for bearer level protocol conversion
8.2.x
Solution x: Transmit of WebRTC specific SDP information to establish e2e media path

8.2.x.1
Reference Architecture

This solution has no impact to the WebRTC architecture. Figure 8.2.x.1-1 shows the standard WebRTC IMS architecture as it is defined in 3GPP TS 23.228 [x]. The eP-CSCF will be used in this document to represent the network entity which performs the same media handling and signal converting function of eP-CSCF in Release 13 architecture. 
This document only highlights the key principle of this solution and no stage 2 impact is identified; the detailed procedure will be studied in stage 3 work.
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Figure 8.2.x.1-1: Standard WebRTC IMS architecture according 3GPP TS 23.228 [x]
8.2.x.2
Solution Principles

The solution is based on the following principles:

For the originating side:

1
If the originating end-point is a WebRTC user, then the WebRTC specific SDP information, which includes the SRTP, ICE and data channel related information, in addition to the converted SDP generated by eP-CSCF, are transmitted to the terminating end-point. In the SIP message, there exists an indication that the originator of the call is a WebRTC user. When the SIP response message received from the terminating side indicates that the terminating end-point of the call is also a WebRTC user, the originating side eP-CSCF forwards the terminating WebRTC user specific SDP information, which including the SRTP, ICE and data channel related information, to the originating side WebRTC user.

2
If the originating end-point is not a WebRTC user, then originating side eP-CSCF or P-CSCF follows the call procedures defined in 3GPP TS 23.228 [x], and will not contain any WebRTC indication or related SDP information in the SIP invite message. When the SIP response message is received from the terminating side, there is no need for the eP-CSCF or P-CSCF to check whether there is an indication that the terminating end-point is a WebRTC user.

For the terminating side:

1
If the terminating end-point is a WebRTC user, and the SIP invite message received from the originating side indicates that the originating end-point of the call is also a WebRTC user, then the terminating side eP-CSCF forwards the originating WebRTC user specific SDP information, which including the SRTP, ICE and data channel related information, to the terminating side WebRTC user. And the terminating side eP-CSCF includes the terminating WebRTC user specific SDP information in the SIP message sent to the originating side. In the SIP message, there exists an indication that the terminator of the call is a WebRTC user.

2
If the terminating end-point is a WebRTC user, but the SIP invite message does not indicate that the caller is a WebRTC user and does not contain any WebRTC specific SDP information, the terminating side eP-CSCF or P-CSCF follows the call procedures defined in 3GPP TS 23.228 [x], and will not contain any WebRTC indication or related SDP information in the SIP response message, even the terminating side is a WebRTC user.

3
If the terminating side is not a WebRTC user, there is no need for the eP-CSCF or P-CSCF to check whether there is an indication that the originating end-point is a WebRTC user. And the terminating side eP-CSCF or P-CSCF follows the call procedures defined in 3GPP TS 23.228 [x], and will not contain any WebRTC indication or related SDP information in the SIP response message.

When both the originating WebRTC client and the terminating WebRTC client obtains the peer side SDP information, the WebRTC clients can use the ICE mechanism to notify each other communication address candidates (host, reflexive, and relay), and choose a media path through connectivity checks. In Figure 8.2.x.1-2, some possible (not all) e2e media path are illustrated. In this case, the media path is not anchored in the eIMS-AGW and the bear level conversion is not needed any more.
Editor's Note:
It is FFS if OMR can also be used to remove media path anchoring at the eIMS-AGW in the case both endpoints are WebRTC clients. If OMR can be used, the interaction with the above described solution needs to be analysed. 
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Figure 8.2.x.1-2: e2e WebRTC media path
* * * End of Change * * * *
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