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Abstract: 

This contribution clarifies

I. Overall Description:

TISPAN WG3 kindly thanks 3GPP CT1 for their reply to the liaison statement on empty SIP INVITE. 

WG3 studied the reply of this liaison and came to the conclusion that its previous LS did not clearly indicate the rationale behind the need for using an empty INVITE in the CoD service.

Moreover, WG3 needs clarification on the reply from CT1.

II. Requirement for having empty INVITE

II.1 General description:

The IPTV procedure that proposes an empty SDP in the SIP INVITE relates to Content on Demand (CoD) service, when an end user requests to watch Content on Demand. The reason for sending an INVITE without an SDP is when transport information relating to the content  is not available in the UE so the SDP offer needs to be populated in the IPTV Application Server (the IPTV AS is called SCF/MCF in TISPAN).
Flows can be streamed directly over RTP, or encapsulated in MPEG2-TS and transported over UDP or RTP. So, there are several possibilities and the UE does not know which one(s) can be used for a particular content.

Unlike the conversational case, the UE cannot decide which one to use since the content is usually stored in the video server using a pre-defined format and encoding.

The UE cannot also indicate all the possibilities in different m-lines since this would be interpreted according to SDP offer/answer model as the UE wanted to use all streams represented by these m-lines, which is not the case.

II.2 Examples:

Let us take the following examples:

Example 1: The UE sends an offer with a <transport> parameter set to RTP and an fmt set to 33 (MPEG2-TS)

SDP Offer from UE


v=0
o=- 651894950 651894950 IN IP4 10.5.1.10
s= 
b=AS:15000
t=0 0
m=video 4002 RTP/AVP/UDP 33 (33 means MPEG2-TS, audio and video are encapsulated into a single transport stream)


However, the content is available on direct-RTP only, so the MCF cannot answer to this offer, since the offer should have been the following:


v=0
o=- 651894950 651894950 IN IP4 10.5.1.10
s= 
b=AS:15000
t=0 0
m=video 4002 RTP/AVP …
….
m=audio 4004 RTP/AVP …


Example 2: The UE sends an offer with a <transport> parameter set to RTP and an fmt set to 33 (MPEG2-TS)

SDP Offer from UE


v=0
o=- 651894950 651894950 IN IP4 10.5.1.10
s= 
b=AS:15000
t=0 0
m=video 4002 RTP/AVP 33 (33 means MPEG2-TS, audio and video are encapsulated into a single transport stream)


However, the content is available on MPEG2-TS over UDP so the MCF cannot answer to this offer, since the offer should have been the following:

v=0
o=- 651894950 651894950 IN IP4 10.5.1.10
s= 
b=AS:15000
t=0 0
m=video 4002 MP2T/H2221/UDP 33

…

II.3 Solution ?

One solution indicated in 3GPP CT1 answer is that the UE can indicate all the possibilities in the offer. This would mean that the UE would offer all forms of conveying Content on Demand in separate m-lines: directly over UDP or over RTP for mpeg2-transport stream (MPEG2-TS) or separate video/audio RTP media lines even if it does not intend to support them at the same time.  We could assume that the MF answer with only a subset of the indicated streams related to the selected content. But, it seems to be in conflict with RFC 3264 that states that a UE offers multiple streams it means the UE is expected to support them at the same time, please confirm?
Extract from RFC 3264.

"If multiple media streams of different types are present, it means

that the offerer wishes to use those streams at the same time. A

typical case is an audio and a video stream as part of a

videoconference.

If multiple media streams of the same type are present in an offer,

it means that the offerer wishes to send (and/or receive) multiple

streams of that type at the same time."
III. Questions about 3GPP CT1 answer.

WG3 thanks CT1 for the comments received. 

III.1 "there are already applications that do not send SDP in the initial INVITE, especially a 3rd Party Call Control server (not a end users device) can make use of this mechanism. A UE receiving empty INVITEs would then need to find out by other means, why such an INVITE was sent in order to e.g. start the appropriate local application. This could cause complications at the UE."

WG3 thanks CT1 for this information since it confirms that IMS specifications already allow for using INVITE messages without SDP, despite the resource reservation issues specified in third comment.

The concerned expressed on a UE receiving an empty INVITE is not applicable to our use case where the empty INVITE is sent (rather than received) by the UE. 

III.2 "The appropriate SIP mechanism to query the capabilities of a remote entity is to send an OPTIONS request prior to sending an INVITE. CT1 assumes that the raised issues in the LS from TISPAN WG3 can be solved by an OPTIONS query prior to the INVITE request."

WG3 opinion is that it may not be suitable to firstly send an OPTION request then a SIP INVITE. For example, we think that compared to the concern expressed in third comment, it is worth in term of resource reservation.

III.3 "The procedures for inclusion of SDP in INVITE in 24.229 are streamlined to the resource reservation requirements of wireless UEs – not including SDP in the first INVITE will delay the resource reservation within certain types of mobile networks. CT1 underwent major work in order to optimize the resource reservation procedures."

May CT1 be more explicit about this resource reservation issue. We understand that this delay is not agreeable for conversational case, but is it the same for streaming services ?

Moreover, may CT1 indicate what are the types of mobile networks that are mentioned in this comment ?

III.4 "it was also said that a UE should in general be capable to include the full list of capabilities it supports in an initial INVITE. "

We agree that in term of codecs, the UE indicates all the list of codecs it is able to use for the session, but we think that the issue is a bit different in CoD case (see part I and II).

2. Actions:

To 3GPP CT1 group.

ACTION: 

TISPAN WG3 kindly requests CT1 to give some precisions about the comments that lead to CT1 opinion about the use of empty INVITE and maybe to re-consider the details we give about our use case.

3. Date of Next WG3 IPTV Meeting:

WG3 IPTV meeting
28th January – 1st February 2008

location tbd
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