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Abstract of the contribution:This document intends to remove the Editor’s notes related to the information in SDP1+SDP2 offer that is transmitted towards the called party endpoint and the impact to the core network handling of SDP.
Analysis 

When both communicating endpoints are WICs, the two WebRTC endpoints can achieve the e2e media path via ICE procedure based on the negotiation of originating and terminating side SDP. As specified in TS 23.228, the eIMS-AGW shall support the media plane interworking extensions including conversion between SRTP and RTP, termination of ICE procedure and so on. The SDP sent from originating side eP-CSCF to terminating side is not the originating SDP produced by the originating side WIC. So in order to implement the WebRTC specific SDP negotiation in case the originating side eP-CSCF has no idea of whether the terminating side is WIC or not, sub clause 8.2 provides the solution that eP-CSCF sends both the WebRTC specific SDP1 and translated SDP2 to the terminating side. With this principle determined in stage 2, detailed SDP parameters can be specified in stage 3 in the future.
Conclusion:

 The Editor’s Note in sub clause 8.2.1.3 can be removed based on the explanation provided above.

Proposal

It is proposed to update 23.706 as follows.

* * * First Change * * * *
8.2.1.3
Procedures
Figure 8.2.1.3-1 illustrates the call flow diagram establishing the e2e communication between WebRTC clients through the IMS network. When both communicating endpoints are WICs, the two WebRTC endpoints can achieve the e2e media path via ICE procedure based on the negotiation of originating and terminating side SDP. As specified in TS 23.228, the eIMS-AGW shall support the media plane interworking extensions including conversion between SRTP and RTP, termination of ICE procedure and so on.
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Figure 8.2.1.3-1: establishing e2e media path between two WebRTC clients

1
WebRTC client A initiates a call, creating a Session Description Protocol (SDP) offer with SRTP and ICE description labelled as SDP1 and sending it to the originating side eP-CSCF. SDP1 includes WIC IP address and port, with DTLS-SRTP and ICE specific "m=" lines, offered by the WIC.
2
The eP-CSCF on the originating side of the call sends media information of SDP1 to eIMS-AGW, and obtains local media information of eIMS-AGW. The eP-CSCF then creates a translated offer SDP (SDP2) without DTLS media security and without ICE description based on the original caller SDP1 and the local media information of eIMS-AGW. The eP-CSCF then includes both SDP1, which is indicated as the original WebRTC specific offer, and SDP2 in the SIP request message. SDP2 contains the eIMS-AGW IP addresses and ports, with RTP media specific "m=" lines, generated by the eP-CSCF.
NOTE:
SDP2 is the offer generated by eP-CSCF when it receives a session setup request from the WIC during existing procedures in 3GPP TS 23.228 [2], section U.2 and translates the WebRTC offer to an offer in line with media descriptions offered by an IMS UE. 




3
When the IMS core receives the SIP request message it forwards the SIP request to the terminating side, including all of the SDP information received from the eP-CSCF. As SDP1, offered by the originating WIC, is labelled as the WebRTC specific SDP, the IMS core will transmit SDP1 transparently to the terminating side. As to SDP2, IMS core may make some media update depending on the network configuration, but this has no impact to the afterwards end to end media path establishment.
4
The eP-CSCF on the terminating side receives and processes the SIP request message from the IMS core. If the eP-CSCF detects the indication in the SIP request message that the originator is a WebRTC client, then it uses the offer SDP1 for session establishment. The eP-CSCF sends SDP1 to the terminating WebRTC client B. The terminating side eP-CSCF knows that the WebRTC clients can make an e2e communication, therefore, it will not send any media information to the eIMs-AGW or apply any media resources from the eIMS-AGW.
NOTE:
In the case the called party is not a WebRTC client, the eP-CSCF would not send the WebRTC related SDP offer SDP1 to the called party. Instead SDP2 is sent for end-to-end Offer/Answer. 
5
The WebRTC client B uses offer SDP1 from the WebRTC client A to negotiate media information, and then creates and sends an Answer Session Description Protocol (for example labeled as SDP1’) with SRTP and ICE description to eP-CSCF.
6
The eP-CSCF on the terminating side creates a SIP response message then includes the SDP1’, which is indicated as the WebRTC specific SDP, into the SIP response message. Since the WebRTC clients A and B can make an e2e communication, to avoid media stream interruption detection in the IMS core, the terminating side eP-CSCF creates a SDP answer with a HOLD state for SDP2, labelled as SDP2’, and includes SDP2’ into the SIP response message and sends it to IMS core.
7
When IMS core receives this SIP response message, it will forward both SDP1’ and SDP2’ to the originating side eP-CSCF.
8
The originating side eP-CSCF receives the SIP response message. If it detects that the SIP response message contains WebRTC specific SDP1’, it means that both the caller and callee are WebRTC users and an e2e media path can be established. The eP-CSCF sends SDP1’ to WebRTC client A.

9
Both WebRTC Client A and WebRTC Client B perform connectivity tests on each received transport address candidates to determine which of the received transport addresses are actually reachable. Once the ICE connectivity tests are concluded and there is an agreed candidate pair for media transport, the media can begin flowing using the selected media path.
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