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1. Review Comments

1.1 OMA-TS-REST_NetAPI_VVoIP-V1_0
	ID
	Open Date
	Type
	Section
	Description
	Status

	A01 
	2013.11.04
	T
	2
	Source: DTAG

Form: OMA-CONR-2013-0051

Comment: some references are work in progress

Proposed Change: mark this as work in progress
	Status: CLOSED




Resolution: Add to every reference that is work in progress the following note: “NOTE: The referenced IETF draft is a work in progress, subject to change without notice.”


	A02 
	
	
	
	
	

	A03 
	
	
	
	
	

	A04 
	
	
	
	
	

	A05 
	2013.11.04
	Q/T
	2.1
	Source: DTAG
Form: OMA-CONR-2013-0051

Comment: Discuss whether the W3C_WebRTC reference should be rather informative or not.

Proposed Change: 
	Status: CLOSED




Duplicate of A116

	A06 
	
	
	
	
	

	A07 
	
	
	
	
	

	A08 
	2013.11.04
	T

	3.2

Appendix H1

and general
	Source: DTAG
Form: OMA-CONR-2013-0051

Comment: The usage of the definitions Participant , Originator, etc is inconsistent. Sometimes the application is the “Originator’s application”, sometimes it is just the “Originator”. 

Proposed Change: Please use it consistently throughout the spec and make in the definitions text clear whether the app is meant or the user.


	Status: OPEN / CLOSED


Reclassified by CR 0041.


AI: Dieter will bring a CR, or state that closing with no change is OK by Dec 3rd.

	A09 
	
	
	
	
	

	A010 
	
	
	
	
	

	A011 
	
	
	
	
	

	A012 
	
	
	
	
	

	A013 
	
	
	
	
	

	A014 
	
	
	
	
	

	A015 
	
	
	
	
	

	A016 
	
	
	
	
	

	A017 
	
	
	
	
	

	A018 
	2013.11.04
	Q/T
	5
	Source: Ericsson
Form: doc#0050
Comment: The second paragraph reads: “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]”. Dos this mean that applications that are not based on JSEP would not be able to use this API?   

Proposed Change: If the answer is NO then the paragraph shall be rephrased.
	Status: OPEN / CLOSED


Response: The API is geared towards usage of the WebRTC API which is based on JSEP.

Basically, what needs to be supported is SDP o/a plus ICE and pranswer. So in fact there are dependencies on JSEP. ICE can be implemented on top of SDP o/a, but pranswer is an issue. If the API GW does not use pranswer then basing this on plain vanilla SDP o/a would work.
For discussion.
Possible way fwd: State that SDP o/a + ICE + pranswer from JSEP must be supported. JSEP is a superset of that.
CR from Nokia, Ericsson, AT&T, DTAG expected.



	A019 
	
	
	
	
	

	A020 
	
	
	
	
	

	A021 
	2013.11.04
	E
	5
	Source: Ericsson
Form: doc#0050
Comment: The last sentence in the third paragraph describing provisional answers is too long and difficult to understand.   

Proposed Change: Rephrase the sentence and make it shorter (removing the sentence is also an option).
	Status: OPEN / CLOSED

<provide response>

(see CR 0045)

	A022 
	
	
	
	
	

	A023 
	
	
	
	
	

	A024 
	2013.11.04
	E
	5
	Source: Ericsson
Form: doc#0050
Comment: The last sentence describing Appendix H too short and not clear enough.   

Proposed Change:  Rephrase sentence to state that it provides information on mappings between REST requests and SIP protocol messages.
	Status: OPEN / CLOSED

<provide response>

(see CR 0045)

	A025 
	2013.11.04
	T
	5
	Source: Alcatel-Lucent
Form: #0049
Comment: 
Several comments: 

.2nd par. refers to peer to peer as it would be the only option. 

. 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. Is application, client the same concept?
Proposed Change: 
.
	Status: OPEN / CLOSED

<provide response>

	A026 
	
	
	
	
	

	A027 
	
	
	
	
	

	A028 
	
	
	
	
	

	A029 
	
	
	
	
	

	A030 
	2013.11.04
	Q/T
	5 

2nd paragraph
	Source: DTAG
Form: OMA-CONR-2013-0051

Comment: I thought the normative part of JSEP use is just about the state machine defined there. This sentence reads different to me. 

Proposed Change: 

Please clarify and/or rephrase.

Also it is probably better to separate the second part of the sentence from the first (see comment A05)
	Status: CLOSED

Duplicate of A18. 
JSEP is more than just the state machine. It defines how to use SDP o/a in WebRTC, defines the requirements to the actual API design (i.e. which functionality and constraints need to be provided), states a feature set to be supported, and profiles SDP

	A031 
	
	
	
	
	

	A032 
	
	
	
	
	

	A033 
	
	
	
	
	

	A034 
	
	
	
	
	

	A035 
	
	
	
	
	

	A036 
	
	
	
	
	

	A037 
	
	
	
	
	

	A038 
	
	
	
	
	

	A039 
	
	
	
	
	

	A040 
	
	
	
	
	

	A041 
	
	
	
	
	

	A042 
	
	
	
	
	

	A043 
	
	
	
	
	

	A044 
	
	
	
	
	

	A045 
	
	
	
	
	

	A046 
	
	
	
	
	

	A047 
	
	
	
	
	

	A048 
	
	
	
	
	

	A049 
	
	
	
	
	

	A050 
	
	
	
	
	

	A051 
	
	
	
	
	

	A052 
	
	
	
	
	

	A053 
	
	
	
	
	

	A054 
	
	
	
	
	

	A055 
	2013.11.04
	E/T
	5.2.2.3
	Source: Ericsson
Form: doc#0050
Comment: More clarification in terms of usage for elements “answer” and “update” needed.  The data type is used for both creation of a new session and in the response to the retrieval of session information, however it seems that the above 2 elements are used only in the response bodies.
Proposed Change: If the elements are not used in both creation and retrieval requests, clarify in the descriptions when these elements are used.
	Status: OPEN / CLOSED

<provide response>
(see CR 0045)

	A056 
	2013.11.04
	T/Q
	5.2.2.3
	Source: Alcatel-Lucent
Form: #0049

Comment: 

.In which case is the tParticipantAddress provided in the URL? 

. In which case does the servcer modify originator and terminating addresses? How does the application react if those are changed?

Proposed Change: 

.
	Status: OPEN / CLOSED

Part 1 can be closed as Duplicate of A57.

Part 2 is for discussion. 
It was asked what are the use cases for modifying the addresses and names.
Also, changing originatorAddress in the data structure is an issue in the originator’s session object as it is part of the resource URL. Likewise, the tParticipantName is an issue in the terminating participants side as it is part of that resourceURL.

Solution sketch: leave out originator at the originating side. Disallow modification of originatorAddr and tPartAddr.

Uwe, Vito, Dieter, Shahram, Pierre-Henri to write CR 

	A057 
	
	
	
	
	

	A058 
	
	
	
	
	

	A059 
	2013.11.04
	Q/T
	5.2.2.3
	Source: DTAG
Form: OMA-CONR-2013-0051

Comment: originator address, originator name if omitted by client will be filled in by the server. 

Proposed Change: Shouldn’t that be changed to normative language?
	Status: OPEN / CLOSED

<provide response>
Related to A56.

	A060 
	
	
	
	
	

	A061 
	
	
	
	
	

	A062 
	2013.11.04
	Q/T
	5.2.2.4
	Source: DTAG
Form: OMA-CONR-2013-0051

Comment: allowVideoUpgrade element’s description says that it depends on the actual underlying network whether or not this information can be conveyed end-to-end.

Proposed Change: Do not understand understand under which circumstances this information could not be conveyed. Please clarify.


	Status: CLOSED


This is from GSMA-specific use cases. allowVideoUpgrade can be mapped to a SIP Contact header option (video). Not sure this is used by all end points, and left intact by all middleboxes.
Resolution: insert text in bold:
It depends on the actual underlying network protocol and/or proxies whether or not this information can be conveyed end-to-end.

	A063 
	
	
	
	
	

	A064 
	
	
	
	
	

	A065 
	
	
	
	
	

	A066 
	2013.11.04
	Q/T
	5.2.2.5
	Source: DTAG
Form: OMA-CONR-2013-0051

Comment: serviceType and allowVideoUpgrade element’s description says that it depends on the actual underlying network whether or not this information can be conveyed end-to-end.

Proposed Change: Do not understand understand under which circumstances this information could not be conveyed. Please clarify.


	Status: CLOSED


Resolution: insert text in bold:
It depends on the actual underlying network protocol and/or proxies whether or not this information can be conveyed end-to-end.

	A067 
	
	
	
	
	

	A068 
	
	
	
	
	

	A069 
	2013.11.04
	T
	5.2.3.1
	Source: Alcatel-Lucent
Form: #0049
Comment: 
Ringing is really about the originator beeing informed that the tParticipant is being alerted. Right?
Proposed Change: 
Rephrase.
	Status: OPEN / CLOSED

CR 0045 

	A070 
	
	
	
	
	

	A071 
	
	
	
	
	

	A072 
	
	
	
	
	

	A073 
	2013.11.03
	T
	5.2.x

6.x.y.z

Annex D
	Source: Nokia

Form: OMA-CONR-2013-0047

Comment: We do not need base64 encoded SDP if we are using CDATA. The only character sequence in a CDATA section that breaks the parser is “]]>”. This sequence is unlikely to appear in SDP.

Proposed Change: Remove base64 encoded SDP from data type definition, XSD and examples.
	Status: OPEN / CLOSED


For discussion. Not really needed for XML. There may be SDPs for which it may be advantageous to have this in JSON.

Evaluate offline if there is any need for JSON to base64 the SDP.

	A074 
	
	
	
	
	

	A075 
	
	
	
	
	

	A076 
	
	
	
	
	

	A077 
	
	
	
	
	

	A078 
	2013.11.04
	E
	5.3.11, 5.3.12,
	Source: Ericsson

Form: doc#0050

Comment: Inconsistent style for description of alternatives in “Outline of the flows” between these sections and section 5.3.3
Proposed Change:  Align the styles (preferably use the same style as in 5.3.3).
	Status: CLOSED


Editor to insert “Alternative 1” / “Alternative 2” in the flows as this is done in 5.3.3..

	A079 
	
	
	
	
	

	A080 
	
	
	
	
	

	A081 
	2013.11.04
	T
	5.3.2
	Source: Alcatel-Lucent
Form: #0049
Comment: 
Explain where and when the session instance was created in this flow.
Proposed Change: 
.
	Status: OPEN / CLOSED

CR 0045

	A082 
	
	
	
	
	

	A083 
	2013.11.04
	E
	5.3.3
	Source: Ericsson

Form: doc#0050

Comment: Superfluous (confusing) the last sentence in the description of the step 16.

Proposed Change:  The sentence that starts with “Since the answer …” doesn’t give any value and it should be removed.
	Status: OPEN / CLOSED


	A084 
	2013.11.04
	T
	5.3.3
	Source: Alcatel-Lucent
Form: #0049
Comment: 
Step 12: This cannot be a provisional answer.
Proposed Change: 
Remove provisional answer.
	Status: OPEN / CLOSED

CR 0045

	A085 
	
	
	
	
	

	A086 
	2013.10.16
	T
	5.3.3
	Source: 

Form: AT&T
Comment:  step 16 explanation is contradictory in regards to the availability of “answer” and also does not go with the step 16 in diagram where “answer” is available  

Proposed Change: remove contradictory statement. It seems like we need to remove the last statement ”… Since the answer was already sent, the notification does not contain an answer.” From step 16


	Status: OPEN / CLOSED

CR 0045

	A087 
	
	
	
	
	

	A088 
	
	
	
	
	

	A089 
	
	
	
	
	

	A090 
	
	
	
	
	

	A091 
	
	
	
	
	

	A092 
	
	
	
	
	

	A093 
	
	
	
	
	

	A094 
	
	
	
	
	

	A095 
	
	
	
	
	

	A096 
	
	
	
	
	

	A097 
	
	
	
	
	

	A098 
	
	
	
	
	

	A099 
	2013.11.04
	T
	6.11.5.2.1

And others
	Source: DTAG
Form: OMA-CONR-2013-0051

Comment: originatorAddress = tParticipantAddress

Proposed Change: Please fix


	Status: OPEN / CLOSED

Reclassified by CR 0041 as T.

Digging deeper yields:

1) Notification receivers should have either application-alice or application-bob as host

2) Alice always has ...100 and Bob always ... 101 phone number
Needs to be aligned globally.
Uwe to provide CR.

	A0100 
	
	
	
	
	

	A0101 
	
	
	
	
	

	A0102 
	2013.11.04
	T
	6.15.5.1
	Source: Ericsson
Form: doc#0050
Comment: From the header of the example it is not clear the reason for cancellation of the subscription.
Proposed Change:  As the example corresponds to the cancellation of the subscription due to an expiry (no Reason included), rephrase the header to reflect cancellation due to an expiry. Perhaps it could be also considered an example for cancellation due to an error.
	Status: OPEN / CLOSED

Reclassified as T by CR 0041.
CR 0045

	A0103 
	
	
	
	
	

	A0104 
	
	
	
	
	

	A0105 
	2013.11.03
	T
	6.x.y.z
	Source: Nokia
Form: OMA-CONR-2013-0047
Comment: All SDP examples need to be aligned with the latest JSEP draft and draft-nandakumar-rtcweb-sdp. 

Proposed Change: CR needed.
	Status: OPEN / CLOSED


Also, after latest IETF meeting, may also need to consider m-line identification via MID as per “Unified Plan”

CR from Nokia expected.

	A0106 
	
	
	
	
	

	A0107 
	
	
	
	
	

	A0108 
	2013.11.04
	Q/T
	Appendix D
	Source: Ericsson

Form: doc#0050

Comment: SDP values in JSON examples are listed on more than one line, and some JSON formatters and parsers may understand blank spaces between the lines as non-escaped LF or CR characters, which is not acceptable for JSON string element.
The examples fail validation with jsonlint.
 
Should the API consider using LF and CR characters in JSON examples escaped (e.g. using unicode strings, or double escaping)?

Proposed Change:  
	Status: OPEN / CLOSED

For discussion.

This is a valid point.

The xml2json tool correctly escapes the LF characters – the SDP becomes like this:
“sdp”: “v=0\no=alices_browser 2890844526 2890842807 IN IP4 10.0.1.1\ns=\nt=0 0\nc=IN IP4 192.0.2.30\na=ice-pwd:asd88fgpdd777uzjYhagZg\na=ice-ufrag:8hhY\na=fingerprint:sha-1 99:41:49:83:4a:97:0e:1f:ef:6d:f7:c9:c7:70:9d:1f:66:79:a8:07\n\nm=audio 10000 RTP/SAVPF 0 96\na=rtpmap:0 PCMU/8000\na=rtpmap:96 opus/48000\na=sendrecv\na=candidate:1 1 UDP 2130706431 10.0.1.1 8000 typ host\na=candidate:1 2 UDP 2130706430 10.0.1.1 8001 typ host\na=candidate:2 1 UDP 1694498815 192.0.2.30 10000 typ srflx raddr 10.0.1.1 rport 8000\na=candidate:2 2 UDP 1694498814 192.0.2.30 10001 typ srflx raddr 10.0.1.1 rport 8001\n”

This is unreadable. Need to decide what to do:

1) Provide the unreadable format

2) Insert a line break after each \n, and state somewhere that this has been done for reason of legibility.
CR could be done as part of SDP alignment (A105).
Note that we also need to fix up the conversion rules in TS Common to have CDATA node suppressed in the JSON creation.
Uwe to check and change to the escaped variant.


	A0109 
	
	
	
	
	

	A0110 
	2013.11.04
	E
	Appendix H.1
	Source: DTAG
Form: OMA-CONR-2013-0051
Comment: 2nd paragraph: ….the INVITE, or to instruct the Terminating Participant not to alert the user until…

The Terminating Participant is the user, it is rather terminating application which should not alert the Terminating Participant. And again the originators app instead of the originator.
Proposed Change: please rephrase

	Status: OPEN / CLOSED

<provide response>
CR 0045

	A0111 
	2013.11.04
	E
	Appendix H.1.1
	Source: DTAG
Form: OMA-CONR-2013-0051
Comment: 2nd sentence: the provisional answer terminates at the originators application, not at the originator

2nd paragraph: it is rather the terminating participants application that does not have to run the Ice procedure. 
Proposed Change: please rephrase accordingly

	Status: OPEN / CLOSED

<provide response>
CR 0045

	A0112 
	
	
	
	
	

	A0113 
	
	
	
	
	

	A0114 
	
	
	
	
	

	A0115 
	
	
	
	
	

	A0116 
	2013.11.04
	Q/T
	General
	Source: Ericsson

Form: <INP doc, mtg, confcall>

Comment: Many normative sections in the document refer to W3C Working Draft for WebRTC which create concerns such as:

 1. It may appear that API is specifically designed to work with WebRTC compliant browsers only,

 2. As W3C draft is a work in a progress it may change significantly which would require change of the TS also,

3. W3C itself does not recommend to make strong reference to the draft document. Following is the statement from the draft: “This is a draft document and may be updated, replaced or obsoleted by other documents at any time. It is inappropriate to cite this document as other than work in progress”.

Should the API be made more generic and make references to W3C softer?

Proposed Change: Discuss within the group how to use references to W3C Working Draft; just as informative or normative?
	Status: OPEN / CLOSED

For discussion.
Ad 1) Valid concern, discuss.

Ad 2) and 3) Add the editor’s note in line with A01 to close this part.

Does Ericsson have any alternative API clients other than browsers in mind? Which concretely?
We have dependencies (at leaset) in 5.2 and 5.3, which are normative sections.
Maybe we should replace “browser” by “WebRTC endpoint”, even define that term? This would include browsers based on WebRTC spec and native apps based on JSEP (a subset or full JSEP tbc?).
We may need to replace WebRTC API calls in the flows by JSEP calls.


	A0117 
	2013.10.16
	T
	General
	Source: AT&T

Form: <INP doc, mtg, confcall>

Comment: General: Suggest using a better known API name such as “RESTful Network API for webRTC Signaling”. VVIoP name is not well understood and people don’t realize that it can be used for webRTC signaling.

Proposed Change: Discuss in ARC and choose a better API name such as  RESTful Network API for webRTC Signaling”.
	Status: OPEN / CLOSED


For discussion.
Shahram, Dieter, Vito, Pierre-Henri, Uwe to come up with a resolution by 3 Dec.

	A0118 
	2013.11.04
	Q/T
	General
	Source: DTAG

Form: OMA-CONR-2013-0051
Comment: RESTful Network API for VVOIP is not a name that helps to surf on the big WebRTC wave. 

Proposed Change: The name should include WebRTC in order to participate of the big hype around it. 
	Status: CLOSED

Duplicate of A117.

	A0119 
	2013.11.04
	T
	H.3
	Source: Alcatel-Lucent
Form: #0049
Comment: 
We need an additional flow for offerless invite when 100rel option is not supported.
Proposed Change: 
CR to be provided.
	Status: OPEN / CLOSED

CR from ALU expected (pls confirm)?

	A0120 
	2013.11.03
	Q
	n/a
	Source: Nokia
Form: OMA-CONR-2013-0047
Comment: Did we reflect all GSMA requirements in the TS?
Proposed Change: Action to Nokia to check
	Status: OPEN / CLOSED


Please assign action to Nokia “Check whether VVoIP fulfils all GSMA requirements as per CONR comment A121”..

	A0121 
	2013.11.03
	T/Q
	n/a
	Source: Nokia

Form: OMA-CONR-2013-0047

Comment: The abbreviation “VVoIP” is a bit strange, though generic. Is the API really generic enough for VVoIP? Probably not. Or is it truly a WebRTC API? At least it is pretty close to SDP o/a, with WebRTC extensions such as ICE usage and pranswer.

Proposed Change: Consider renaming.
	Status: CLOSED

Duplicate of A117.

	A0122 
	2013.11.03
	T
	n/a
	Source: Nokia

Form: OMA-CONR-2013-0047
Comment: The following GSMA requirement seems to be only partially fulfilled: ”UNI-VVOIP-015: The VVOIP API SHALL allow to accept or reject the upgrade of a VOIP call to a VideoIP call. – Comment: If the user accepts the upgrade, it will also be allowed to specify whether it wants to send back video or not.”

Currently, accepting or rejecting an upgrade offer as a whole is possible. By looking at the list of media items, it is also possible to detect whether or not this is an upgrade request.

What is not possible using the API but must be done by SDP munging is the following:

1) To accept only a part of the update

2) To set the information whether or not the user wants to send back video.

Proposed Change: It may be possible to achieve this by working on the VvoipMediaIndicators. This would require exposing them as (lightweight?) resources. CR required.
	Status: OPEN / CLOSED

CR from Nokia expected.
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