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Analysis 

Optimal media routing (OMR) is specified in 3GPP TS 23.228 Annex Q. It is defined that 
IMS-ALGs implementing OMR shall include information in forwarded SDP regarding IP realm, codec and IP connectivity information for TrGWs on the media path to assist in bypassing unnecessary TrGWs. A TrGW can be bypassed when it is not required to transcode, when it is unnecessary to protect a network resource, and when a successive TrGW on the path is reachable by a previous TrGW on the path via a common IP realm.
One of the basic criterions of bypassing a TrGW is that the successive TrGW on the path is reachable by a previous TrGW on the path via a common IP realm. But in the case of WebRTC, two WIC endpoints can find an e2e media path using the ICE procedure, no matter they are in the same IP realm or not. So IP realm cannot be considered as the judgement criterion when evaluating whether a TrGW is needed on the media path. Only when one of the communicating sides is not a WebRTC client, a TrGW is needed to be inserted on the media path to perform the media translation function.
Conclusion:

 The Editor’s Note in sub clause 8.2.1.2 can be removed based on the explanation provided above.

Proposal

It is proposed to update 23.706 as follows.

* * * First Change * * * *

8.2.1.2
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 [2], 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 [2], 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 [2], 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 8.2.1.1-2, 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.
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Figure 8.2.1.1-2: e2e WebRTC media path
The eP-CSCF shall include WebRTC specific information in the forwarded SDP including the SRTP, ICE and data channel related information from the WebRTC client. Two WIC endpoints can find an e2e media path using the ICE procedure, no matter they are in the same IP realm or not. So IP realm cannot be considered as the judgement criterion when evaluating whether a TrGW is needed on the media path. The decision of bypassing IMS network media gateways is based on the fact that both of the communicating sides are WebRTC clients, regardless of whether the WebRTC clients are in the same IP realm or not, and the decision can only be made until the originating side eP-CSCF receives the SDP answer from the terminating side. Only when one of the communicating sides is not a WebRTC client, a TrGW is needed to be inserted on the media path to perform the media translation function. Therefore, OMR is not used in this solution to establish the end-to-end media path.
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