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Comment: 
Several comments: 
1) 2nd par. refers to peer to peer as it would be the only option. 
2) client, server, application, end point, browser terms are used in this text, but these term are not introduced. Add a figure or point to one existing figure. 
3) Is application, client the same concept?
Proposed Change: 
.
	Status: OPEN / CLOSED

(1) closed by CR 0045: “RTCWeb/WebRTC is a suite of IETF and W3C standards (see e.g. [IETF_RTCWeb_Overview]) that allows web browsers to run real-time media (containing audio, video, and data channels) in a peer-to-peer fashion from browser to browser, or between a browser and a media gateway.”3) There is a statement in the REST NetAPI template, last sentence of section 5

ALU to provide a CR for the remaining stuff in (2).
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Chapter 5

[bookmark: _Toc283846822][bookmark: _Toc294513745][bookmark: _Ref328052548][bookmark: _Ref368923797][bookmark: _Toc369088616]Voice and Video over IP (VVoIP) API definition
This section is organized to support a comprehensive understanding of the VVoIP API design. It specifies the definition of all resources, definition of all data structures, and definitions of all operations permitted on the specified resources.
This Network API provides a method for the signalling of voice and video over IP sessions under the assumption that the applications which use this signalling are based on JSEP [IETF_RTCWeb_JSEP], e.g. as specified by WebRTC [W3C_WebRTC] which defines a Javascript API for use in the web browser. RTCWeb/WebRTC is a suite of IETF and W3C standards (see e.g. [IETF_RTCWeb_Overview]) that allows web browsers to run real-time media (containing audio, video, and data channels) in a peer-to-peer fashion from web browser to web browser, or between a web browser and a media gateway. Based on the WebRTC specifications, a web browser can act as an end point for media streams that are transmitted over SRTP [IETF_RTCWeb_RTP]. 
The IETF RTCWeb specifications fully define how the media are transmitted., Hhowever, they do only partially specify the signalling. In particular, WebRTC requires SDP [RFC4566] to be used to describe the media streams involved in the session, and the offer-answer model [RFC3264] to negotiate the media. The offer-answer model mandates that an offer from one end point is followed by an answer from the other end point, after which a new offer can be initiated by any of the end points. Any other sequence (e.g. an answer followed by an answer) is considered a conflict. On top of the offer/answer model, WebRTC [W3C_WebRTC] introduces the concept of a provisional answer (“pranswer”) which adds states to the offer-answer state machine (see [W3C_WebRTC] for a graphical representation). The concept of provisional answers is helpful in situations when the server needs to send multiple answers to the clientapplication. Provisional answers are also useful , or when the server would have to otherwise convert an offer into an answer (and vice versa) as part of its mediation role (see H.1.4 for an example). Such conversion could e.g. occur when both the client and the server can send offers to the other party after preliminarily establishing a session (see H.1.4 for an example). Doing such conversion should be avoided as much as possible, for which pranswer provides a useful tool in a number of situations. AlsoFinally, WebRTC uses ICE [RFC5245] to penetrate firewalls. 
The above  three items (i.e. SDP, offer/answer and ICE) define which information needs to be provided by the application to the browser, and by the browser to the application, in order to set up the browser as the end point of a communication session. It is however not specified how this information is transmitted. This gap is filled by the present specification, which defines a RESTful Network API that allows a web application (e.g. a JavaScript running in a WebRTC-enabled browser) to signal a video and/or voice over IP session with another communication endpoint in the network. 
Common data types, naming conventions, fault definitions and namespaces are defined in [REST_NetAPI_Common].
The remainder of this document is structured as follows:

<snip>

Appendix H1.4

A.1.1 [bookmark: _Ref360809661][bookmark: _Toc369088948]Call set-up with ICE: Originator is using SIP preconditions
The approach in the sections above has a performance penalty when the application of the Terminating Participant also needs to run ICE as part of the call set-up. The reason is that the INVITE will only arrive at the Terminating Participant once the Originator has finished its ICE procedures, thereby delaying the start of the ICE procedures at the Terminating Participant until that time. Note that with the signalling alternative provided here, ICE could run in parallel at both ends.
The idea is to instruct the Terminating Participant to delay alerting the user until certain preconditions (in this case the availability of connectivity) are met at the Originator’s side. These preconditions [RFC3312] are declared in the INVITE, and then updated using an offer-answer pair managed by the server. 
In this case, the server is forwarding the answer it has received from the remote peer as a provisional answer to the application (step 10), which allows the server to send another (final) answer in a later step (step 17).  Also, note that a provisional answer inhibits the application from sending another offer, which is sometimes of advantage if the server knows that the exchange with the far end has not terminated. 
Without the mechanism of provisional answers, the server would have to convert the answer it receives in step 16 into an offer towards the application. This would introduce difficulties in the flow, because the application would be expected to generate an answer to this offer.
Because of such complications, conversion between offer and answer at the server should be avoided as much as possible as they introduce additional states in the server.
From the VVoIP API point of view, this flow corresponds to alternative 1 in section Erreur ! Source du renvoi introuvable..
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[bookmark: _Toc369088975]Figure 1: Call set-up with ICE: Using SIP preconditions
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