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1 Reason for Contribution

Contribution is offered to assist in resolution of ongoing debate about PoC signalling when auto-answer is provided by the terminating participating function.
2 Summary of Contribution

The contribution reviews the problem and discusses several solutions, including use of RFC3312, buffering in the terminating PF, and use of a floor control protocol like BFCP to provide the missing signalling function.
3 Detailed Proposal

3.1 Background and Basic PoC Call Flow

A basic call scenario for PoC is shown in Figure 1. Note that this presumes a singular floor-control element (the Controlling Function, or CF) and unacknowledged floor control commands issued by that CF. 

        UA A     PoC PFA   PoC CF    PoC PFB    UA B

          |(1) INVITE (B)     |         |         |

          |-------->|         |         |         |

          |         |         |         |         |

          |(2) 100 Trying     |         |         |

          |<--------|         |         |         |

          |         |         |         |         |

          |         |(3) INVITE (B)     |         |

          |         |-------->|         |         |

          |         |         |         |         |

          |         |(4) 100 Trying     |         |

          |         |<--------|         |         |

          |         |         |         |         |

          |         |         |(5) INVITE B       |

          |         |         |-------->|         |

          |         |         |         |         |

          |         |         |(6) 100 Trying     |

          |         |         |<--------|         |

          |         |         |         |         |

          |         |         |         |(7) INVITE B

          |         |         |         |-------->|

          |         |         |         |         |

          |         |         |         |(8) 180 Alerting

          |         |         |         |<--------|

          |         |         |         |         |B starts RAB

          |         |         |         |(9) 200 OK

          |         |         |         |<--------|

          |         |         |         |         |

          |         |         |(10) 200 OK        |

          |         |         |<--------|         |

          |         |         |         |         |

          |         |         |(11) TBT |         |

          |         |         |-------->|         |

          |         |         |         |         |

          |         |         |         |(12) TBT |

          |         |         |         |-------->|

          |         |         |         |         |

          |         |(13) 200 OK        |         |

          |         |<--------|         |         |

          |         |         |         |         |

          | (14) 200 OK       |         |         |

          |<--------|         |         |         |

          |         |         |         |         |

          |         | (15) TBG|         |         |

          |         |<--------|         |         |

          |         |         |         |         |

          |(16) TBG |         |         |         |

          |<--------|         |         |         |

          |         |         |         |         |

          |Talks    |         |         |         |

          |         |         |         |         |

          |(17) TalkBurst     |         |         |

          |-------->|         |         |         |

          |         |         |         |         |

          |         |(18) TalkBurst     |         |

          |         |-------->|         |         |

          |         |         |         |         |

          |         |         |(19) TalkBurst     |

          |         |         |-------->|         |

          |         |         |         |         |

          |         |         |         |(20) TalkBurst

          |         |         |         |-------->|

Figure 1: Basic PoC Call Flow

3.1.1 Discussion of Basic Call Flow

1. Originating UA A sends an INVITE to its participating function PFA. The body of the INVITE targets B.

2. PFA returns a 100 message to UA A. From this, A knows that it does not need to resend the INVITE according t o SIP timer T1

3. PFA creates a new SIP dialog and  sends an INVITE targeted at a controlling function, CF. The body targets UA B.

4. CF returns a 100 message to CFA, relieving it from retransmitting the INVITE.

5. CF creates a new SIP dialog and sends an INVITE to the participating function  for UA B. This request is routed on the public identity for PB that was contained in the body of the previous request.

6. PFB returns a 100 response to CF, stopping its retransmit timer.

7. PFB creates a new dialog and sends an INVITE to UA B.

8. UA B returns a 180 response, indicating that PFB can stop its retransmit timer and  that user B is being alerted.

9. B answers, causing UAB to establish a radio access bearer and return a 200 response tp PFB, indicating that B has accepted the call and is ready to accept talk bursts.

10. PFB sends a 200 OK to CF.

11. CF sends a “Talk Burst Taken” (YBT) command to PFB.

12. PFB sends a TBT command to UAB.

13. Simultaneously with 11, CF returns 200 response to PF A, indicating that B has accepted the call.

14. PF B returns a 200 response to UA A, indicating that B has accepted the call. A is alerted and makes ready to speak.

15. Just after 13, CF sends a Talk Burst Granted (TBG) command to PF A, indicating that A may speak.

16. PF A sends a TBG command to PFA, indicating that A may speak. A is notififed and begins talking.

17. A’s TalkBurst is transmitted by UA A to PF A.

18. A’s TalksBurst is relayed by PF A to CF.

19. A’s TalkBurst is relayed by CF to PF B.

20. A’s TalkBurst is relayed by PFB to UA B. 

3.1.2 Problems with Basic PoC Call Flow 

The problem with that call flow given in Figure 1 is that A cannot speak until the call is completely set up, including the establishment by B of a radio access bearer. Although completely accurate (or, at least as accurate as can be provided in this environment),  this can be undesirably long – on the order of fifteen seconds for some mobile environments. This has lead to the desire to “optimize” the user experience by trading improved temporal efficiency for reduced accuracy of the signalling. 

The preferred technique, according to discussions and contributions in PoC, is for the PF to buffer talk bursts until the terminating UA is ready to receive them. This is believed especially critical in the case where the terminating participating function implements “auto-answer” behaviour on the behalf of the terminating UA. 

3.1.3 Key Requirements Met by Basic PoC Call Flow:

The basic call flow above addresses (or attempts to address) several requirements that must be met by any working PoC system, given common assumptions about the underlying physics.  To work as expected, optimizations must continue to meet these requirements. These key requirements include:

1. Acknowledgement: Talk bursts are never transmitted until there is a waiting listener.

2. Floor control: The radio channel of each mobile is never asked (or permitted) to carry more than one simultaneous talk burst. 

3. Media Negotiation: The potential for successful media encoding (including hop-by-hop translation, if needed) must be established before the caller is notified that a call has been accepted.

Requirement #1 (Acknowledgement) is addressed for initial talk bursts in the basic PoC call flow by waiting until the terminating UA has confirmed its readiness to receive media by sending indicated by a 200 OK response. This response is repeated across each dialog in the chain of dialogs making up a PoC call, eventually informing both the controlling function and the originating UA of the terminating UA’s readiness.

Requirement #1 (Acknowledgement) is addressed for subsequent talk bursts in the basic PoC call flow by floor control commands mediated by the controlling function. Note that there are several concerns with this approach potentially worthy of further discussion: 1) The floor control commands are presumably unacknowledged, meaning that that PF is unaware of any state changes in the other elements that may have resulted from actions outside the control of the PF, such as loss of radio coverage or participation in other calls. 2) The initial talk burst is actually an optimization of the subsequent talk burst case. This optimization relies on expectations of the CF that a PoC call setup request that is accepted will always be followed by a talk burst floor request from the calling UA. Given this expectation, the CF consequently manages the floor for the initial talk burst as if such a request had been received.

Requirement #2 (Floor control) is addressed in the basic PoC model by the establishment of a single floor controlling function (the CF) for all radio access bearers involved in the call. Note that this approach does make a limiting assumption, that each endpoint and related bearer will be involved in only one call at any given time, and that consequently the CF can have complete state knowledge. It should be noted that the author does not find this assumption compelling, and would therefore encourage OMA to develop an acknowledged floor control model that would consequently handle multi-call cases, as well as provide superior reactivity to changing network conditions.

Requirement #3 (Media Negotiation) is addressed in the basic PoC model by having a sequence of offer-answer transactions (one for each dialog) that has concluded in an agreeable manner by the time the final 200 OK is received by the originating UA. If any translations have to be negotiated n any of the dialogs between intermediate elements, such negotiation has concluded successfully before user A is notified that their call request has been accepted.

Further text in this document discusses proposed optimizations of the basic PoC call flow, including analysis of their mechanism and efficacy in meeting these key requirements.

3.2 Naive Terminating PF Auto-Answer Call Flow

If the terminating participating function provides auto-answer, based on its knowledge of the terminating UA’s configuration (the mechanism of this knowledge is outside of the scope of this document), then we can short-cut the call setup. Specifically, the resulting optimization allows the call-acceptance messaging to start moving back towards the caller as soon as the call request reaches the terminating PF. This allows the return of the call acceptance message to occur simultaneously with alerting of the called party and establishment of a radio access bearer by the terminating UA. Since this alerting and setup phase may take longer than the return of the acceptance message and the initiation of a talk-burst, the PF buffers the talk burst until the terminating UA comes on line.

Note that this model presumes that the called mobile is actually reachable and not engaged in other activity that would prevent acceptance of the call request. This makes the reliability extremely sensitive to having accurate information about the reachability (presence) of the terminating UA, with this information being evaluated in the terminating PF which is consequently responsible for the offer of early session establishment (also called unconfirmed indication).

        UA A     PoC PFA   PoC CF    PoC PFB    UA B

          |         |         |         |         |

          |         |         |         |         |

          |         |         |         |         |

          |(1) INVITE (B)     |         |         |

          |-------->|         |         |         |

          |         |         |         |         |

          |(2) 100 Trying     |         |         |

          |<--------|         |         |         |

          |         |         |         |         |

          |         |(3) INVITE (B)     |         |

          |         |-------->|         |         |

          |         |         |         |         |

          |         |(4) 100 Trying     |         |

          |         |<--------|         |         |

          |         |         |         |         |

          |         |         |(5) INVITE B       |

          |         |         |-------->|         |

          |         |         |         |         |

          |         |         |(6) 200 OK         |

          |         |         |<--------|         |

          |         |         |         |         |

          |         |(7) 200 OK         |         |

          |         |<--------|         |         |

          |         |         |         |         |

          |(8) 200 OK         |         |         |

          |<--------|         |         |         |

          |         |         |         |         |

          |Talks    |         |         |(9) INVITE

          |         |         |         |-------->|

          |         |         |         |         |

          |(10) TalkBurst     |         |         |

          |-------->|         |         |         |

          |         |         |         |         |

          |         |(11) TalkBurst     |         |

          |         |-------->|         |         |

          |         |         |         |         |

          |         |         |Buffers  |         |B starts RAB

          |         |         |         |         |

          |         |         |         |(12) 200 OK

          |         |         |         |<--------|

          |         |         |         |         |

          |         |         |(13) TalkBurst     |

          |         |         |-------->|         |

          |         |         |         |         |

          |         |         |         |(14) TalkBurst

          |         |         |         |-------->|

Figure 2: Naive Terminating PF Auto-Answer Call Flow
3.2.1 Discussion of Naive Terminating PF Auto-Answer Call Flow
1. Originating UA A sends an INVITE to its participating function PFA. The body of the INVITE targets B.

2. PFA returns a 100 message to UA A. From this, A knows that it does not need to resend the INVITE according t o SIP timer T1

3. PFA creates a new SIP dialog and  sends an INVITE targeted at a controlling function, CF. The body targets UA B.

4. CF returns a 100 message to CFA, relieving it from retransmitting the INVITE.

5. CF creates a new SIP dialog and sends an INVITE to the participating function  for UA B. This request is routed on the public identity for PB that was contained in the body of the previous request.

6. PFB returns a 200 response to CF, accepting the call request.

7. CF returns a 200 OK response to PFA, accepting the call request.

8. PFA returns a 200 OK response to UA A, indicating that the call has been accepted and that A can start talking. 

9. PFB creates a new dialog and sends an INVITE to UA B. Note that this actually occurs in rough simultaneity to step 6, return of a 200 OK by PFB to CF.
10. A begins talking, and UA A sends a talk burst to PFA.

11. PFB relays the talk burst to CF, which buffers the talk burst while UA B establishes a radio access bearer.

12. UA B returns a 200 OK response to the INVITE of step 9, accepting the call.

13. Some sort of “magic happens”, and CF sends the buffered talk burst to PFB.

14. PFB relays the talk burst on to UA B, where it is played out.
3.2.2 Problems with Naive Terminating PF Auto-Answer Call Flow

Note that the discussion of step 13 of the above call flow starts with “some sort of magic happens”.  The problem here is that, given the signaling so far, the controlling function has no way of knowing when the terminating UA is ready to receive the talk burst. Numerous OMA contributions have attempted to suggest various manipulations of the SIP protocol and proprietary-to-OMA semantics that can provide this “magic”. The following discussion illustrates an example of such a manipulation, as well as proposing two alternate mechanisms that prevent a need for “magic” at this juncture.

3.3 Alternate SIP Approaches for Signaling “Magic”

As discussed in the preceding section, several contributions have proposed various techniques for conveying the acceptance of the call by the terminating UA to the CF, so that the CF knows when to start sending the buffered talk-burst on to the terminating UA.  For the purpose of this document, we will refer to this as a “buffer-release” event.

We cannot, as written, rely on the 200 OK between the terminating PF and the CF to provide this buffer-release notification, as that 200 OK (at least in the naive call flow, above) indicates “acceptance of the call” by the terminating PF. The 200 OK was transmitted earlier in the sequence to cause the CF to indicate acceptance back to the originating PF and on to the originating UA. This is the common semantic of 200 OK, which according to RFC3261 section 21.2.1, means “The request has succeeded”.

If we wish to use SIP signaling to convey buffer-release, we have two options:

1. Use another SIP response code to indicate the initial acceptance of the call and cause the CF to start buffering and the originating UA to start sending a talk burst. This approach includes the use of provisional or reliable provisional messages to indicate acceptance state.

2. Initially negotiate a no-media or “on-hold” session, between the CF and the terminating PF, then renegotiate to an active-media session once the terminating UA is known to be on-line.  This approach includes use of re-INVITE or UPDATE requests to change the negotiated media following initial acceptance.

Although on initial analysis the second option appears to be attractive, it suffers from a fatal flaw around media negotiation. That is, in more complex cases we cannot be assured that Requirement 3 (Media Negotiation) will be met. The final negotiation of encodings does not enter the offer-answer phase until the second “active media” phases is negotiated. As there is no known way to execute media capability matching on the non-media initial INVITE, there is a possibility that the second offer-answer phase will fail, resulting in an unacceptable PoC call failure experience. Sure, if there were only one codec in use everything that would ever use PoC would speak only that one codec, we’d be ok. But the reality is that this is going to have to work in a multiple-codec world, and consequently this approach is unattractive.

This leaves option 1, using a pre-200 response between the terminating PF and the CF to indicate that the call has been accepted, but that CF should defer the deliver of media until the terminating UA is actually ready to receive it. There is a precedent for this sort of mechanism. RFC3312 “The Integration of Resource Management and Session Initiation Protocol” demonstrates the use of a reliably-delivered provisional message to conclude the first round of offer-answer, and the use of an UPDATE request to engage the second round of auto-answer. This approach seems to provide a complete solution to the requirements, and is described in the following call flow and discussion. 

3.4 RFC3312 and Terminating PF Auto-Answer Call Flow

The procedures of RFC3312 can be adapted to provide a complete solution to the PoC requirements.  An example call flow follows:

        UA A     PoC PFA   PoC CF    PoC PFB    UA B

          |         |         |         |         |

          |(1) INVITE (B)     |         |         |

          |-------->|         |         |         |

          |         |         |         |         |

          |(2) 100 Trying     |         |         |

          |<--------|         |         |         |

          |         |         |         |         |

          |         |(3) INVITE (B)     |         |

          |         |-------->|         |         |

          |         |         |         |         |

          |         |(4) 100 Trying     |         |

          |         |<--------|         |         |

          |         |         |         |         |

          |         |         |(5) INVITE B       |

          |         |         |-------->|         |

          |         |         |         |         |

          |         |         |(6) 183  |         |

          |         |         |<--------|         |

          |         |         |         |         |

          |         |(7) 200 OK         |         |

          |         |<--------|         |         |

          |         |         |         |         |

          |(8) 200 OK         |         |         |

          |<--------|         |         |         |

          |         |         |         |         |

          |Talks    |         |         |(9) INVITE

          |         |         |         |-------->|

          |         |         |         |         |

          |(10) TalkBurst     |         |         |

          |-------->|         |         |         |

          |         |         |         |         |

          |         |(11) TalkBurst     |         |

          |         |-------->|         |         |

          |         |         |         |         |

          |         |         |Buffers  |         | B starts RAB

          |         |         |         |         |

          |         |         |         |(12) 200 OK

          |         |         |         |<--------|

          |         |         |         |         |

          |         |         |(13) UPDATE        |

          |         |         |<--------|         |

          |         |         |         |         |

          |         |         |(14) 200 OK        |

          |         |         |-------->|         |

          |         |         |         |         |

          |         |         |(15) TalkBurst     |

          |         |         |-------->|         |

          |         |         |         |         |

          |         |         |         |(16) TalkBurst

          |         |         |         |-------->|

Figure 3: RFC3312  with Terminating PF Auto-Answer
3.4.1 Discussion of RFC3312 and Terminating PF Auto-Answer Call Flow
1. Originating UA A sends an INVITE to its participating function PFA. The body of the INVITE targets B.

2. PFA returns a 100 message to UA A. From this, A knows that it does not need to resend the INVITE according t o SIP timer T1

3. PFA creates a new SIP dialog and  sends an INVITE targeted at a controlling function, CF. The body targets UA B.

4. CF returns a 100 message to CFA, relieving it from retransmitting the INVITE.

5. CF creates a new SIP dialog and sends an INVITE to the participating function  for UA B. This request is routed on the public identity for PB that was contained in the body of the previous request.

6. PFB returns a 183 response with null-media SDP to CF, accepting the call request and completing the first round of offer-answer.
7. CF returns a 200 OK response to PFA, accepting the call request.

8. PFA returns a 200 OK response to UA A, indicating that the call has been accepted and that A can start talking. 

9. PFB creates a new dialog and sends an INVITE to UA B. Note that this actually occurs in rough simultaneity to step 6, return of a 200 OK by PFB to CF.
10. A begins talking, and UA A sends a talk burst to PFA.

11. PFB relays the talk burst to CF, which buffers the talk burst while UA B establishes a radio access bearer.

12. UA B returns a 200 OK response to the INVITE of step 9, accepting the call.

13. PFB sends an UPDATE request on the existing dialog to CF, negotiating from null to active media states.

14. CF accepts the revised media with a 200 OK response to PFB

15. CF releases the buffered talk-burst to PFB

16. PFB relays the talk burst on to UA B, where it is played out.
3.4.2 Problems with RFC3312 and Terminating PF Auto-Answer Call Flow
The call flow depicted above appears to be a complete solution to the three key requirements. It could potentially be further optimized “on the air” by deletion of the 100 Trying message at step 2.

It should be noted, however, that the IETF reports that intellectual property claims have been made against RFC3312, and there is some possibility that these claims may include any two-phase SIP signaling model addressing the requirements of PoC. As these claims have been made outside of the OMA process, OMA participants may have to do their own evaluation of the potential impact of this IPR. It is the opinion of this author that the OMA membership would be better-served by choosing a mechanism not believed to be IPR-encumbered. However, if OMA chooses to adopt an RFC3312 derivative method, OMA would be best served by staying fully compliant with the existing IETF RFC3312 specification rather than inventing new “partially compliant” semantics for the relevant messages.

It should also be noted that the author believes that 3GPP has elected to use an RFC3312 mechanism for meeting preconditions around PDP-context establishment in IMS, and that this mechanism is consequently readily available in IMS environments.

3.5 Terminating PF Buffering and Auto Answer

It can be reasonably argued that the main problem raised in the “Naive Terminating PF Auto-Answer Call Flow”  that requires “magic signalling” for resolution is a result of splitting the responsibility for dealing with the consequences of the auto-answer optimization across two different elements. In pure SIP parlance, a 200 OK response means that the sender is ready to receive, and willing to handle the responsibilities associated with that assertion. However, in this call flow, the terminating participating function is 1) breaking the rules by accepting the call (sending a 200 OK) before the terminating mobile is ready to receive, and 2) relying on the buffering capability of the CF to defer the media until the terminating mobile is ready to receive, without 3) having some way to notify the CF that the terminating mobile has become ready. The terminating PF has also further “broken the rules” by not having a ready way to deal with the case where a terminating mobile NEVER becomes ready to receive, which could leave the CF (and originating-side elements) in a non-deterministic state if such a failure occurs. While it is possible to correct this by adding signalling mechanisms to address shortcoming #3 above, it can also be readily shown that the problem can be resolved fully by co-locating rule-breaks #1 and #2, thereby nullifying #3. 

In short, we can completely solve the problem by allowing each terminating PF to provide buffering for each mobile it serves that it expects to participate in the call, but that has not yet become available. This also allows the terminating PF to provide call-failure treatment should the mobile not become available. 

A call-flow is shown and discussed below.

3.5.1 Terminating PF Buffering and Auto-Answer Call Flow

        UA A     PoC PFA   PoC CF    PoC PFB    UA B

          |         |         |         |         |

          |(1) INVITE (B)     |         |         |

          |-------->|         |         |         |

          |         |         |         |         |

          |(2) 100 Trying     |         |         |

          |<--------|         |         |         |

          |         |         |         |         |

          |         |(3) INVITE (B)     |         |

          |         |-------->|         |         |

          |         |         |         |         |

          |         |(4) 100 Trying     |         |

          |         |<--------|         |         |

          |         |         |         |         |

          |         |         |(5) INVITE B       |

          |         |         |-------->|         |

          |         |         |         |         |

          |         |         |(6) 200  |         |

          |         |         |<--------|         |

          |         |         |         |         |

          |         |(7) 200 OK         |         |

          |         |<--------|         |         |

          |         |         |         |         |

          |(8) 200 OK         |         |         |

          |<--------|         |         |         |

          |         |         |         |         |

          |         |         |         |(9) INVITE

          |         |         |         |-------->|

          |         |         |         |         |

          |Talks    |         |         |         |

          |         |         |         |         |

          |(10) TalkBurst     |         |         |

          |-------->|         |         |         |

          |         |         |         |         |

          |         |(11) TalkBurst     |         |

          |         |-------->|         |         |

          |         |         |         |         |

          |         |         |(12) TalkBurst     |

          |         |         |-------->|         |

          |         |         |         |         |

          |         |         |         |Buffers  | B starts RAB

          |         |         |         |         |

          |         |         |         |(13) 200 OK

          |         |         |         |<--------|

          |         |         |         |         |

          |         |         |         |(14) TalkBurst

          |         |         |         |-------->|

Figure 4: Terminating PF Buffering and Auto-Answer Call Flow
3.5.2 Discussion of Terminating PF Buffering and Auto-Answer Call Flow
1. Originating UA A sends an INVITE to its participating function PFA. The body of the INVITE targets B.

2. PFA returns a 100 message to UA A. From this, A knows that it does not need to resend the INVITE according t o SIP timer T1

3. PFA creates a new SIP dialog and  sends an INVITE targeted at a controlling function, CF. The body targets UA B.

4. CF returns a 100 message to CFA, relieving it from retransmitting the INVITE.

5. CF creates a new SIP dialog and sends an INVITE to the participating function  for UA B. This request is routed on the public identity for PB that was contained in the body of the previous request.

6. PFB returns a 200 OK response accepting the call request and completing media offer-answer.
7. CF returns a 200 OK response to PFA, accepting the call request.

8. PFA returns a 200 OK response to UA A, indicating that the call has been accepted and that A can start talking. 

9. PFB creates a new dialog and sends an INVITE to UA B. Note that this actually occurs in rough simultaneity to step 6, return of a 200 OK by PFB to CF.
10. A begins talking, and UA A sends a talk burst to PFA.

11. PFB relays the talk burst to CF

12. CF relays the talk burst tp PFB, which buffers it while UA B establishes a bearer.

13. UA B returns a 200 OK response to the INVITE of step 9, accepting the call.

14. PFB releases the buffered talk-burst to UA B

3.5.3 Problems with Terminating PF Buffering and Auto-Answer Call Flow
Although this call flow appears to completely address the key 3 requirements, it does represent a different distribution of functionality and resources from those envisioned in current PoC thinking. Specifically, by requiring that terminating participating functions that offer auto-answer be prepared to buffer the media flow and provide failure treatment, the functional requirements of the terminating PF are greatly increased. Furthermore, this raises the possibility that some talk bursts might be buffered by both the CF and by one or more PFs, which could multiply the total required buffer space in network elements several-fold.. This can be somewhat reduced by requiring buffering in all PFs, thereby eliminating the requirement in CFs.

However, it should be noted that this procedure greatly reduces the state-management and buffering requirements of the PF. Without it, the PF must keep track of the acceptance and buffer state of each leg in a multi-way PoC call. With it, the PoC tracks the acceptance state only for a normal INVITE/200 OK response cycle, and does not track buffer state at all.

3.6 Use of Floor Control to Eliminate Magic Signaling

Another approach to relieving the “magic” requirement of step 13 in the “Naive Terminating PF Auto-Answer Call Flow” would be to use a non-SIP mechanism to convey the missing state. One likely candidate is the floor control protocol. While it seems non-intuitive, this approach is the most likely to be endorsed by the IETF’s ongoing conferencing work in the SIPPING and XCON working groups. 

While the rudimentary floor control protocol inherited by OMA from the Industry Consortium specification is extremely limited in function, the IETF’s Binary Floor Control Protocol (currently documented in “The Binary Floor Control Protocol (BFCP), draft-ietf-xcon-bfcp-00.txt”, a work in progress), offers additional capabilities that address this signalling requirement.

Another option would be for OMA to extend its rudimentary floor control protocol to include the functionality required, without actually adopting BFCP. The author believes this is a silly idea.

A call-flow is shown and discussed below.

3.6.1 Call Flow Using Binary Floor Control Protocol

        UA A     PoC PFA   PoC CF    PoC PFB    UA B

          |         |         |         |         |

          |(1) INVITE (B)     |         |         |

          |-------->|         |         |         |

          |         |         |         |         |

          |(2) 100 Trying     |         |         |

          |<--------|         |         |         |

          |         |         |         |         |

          |         |(3) INVITE (B)     |         |

          |         |-------->|         |         |

          |         |         |         |         |

          |         |(4) 100 Trying     |         |

          |         |<--------|         |         |

          |         |         |         |         |

          |         |         |(5) INVITE B       |

          |         |         |-------->|         |

          |         |         |         |         |

          |         |         |(6) 200  |         |

          |         |         |<--------|         |

          |         |         |         |         |

          |         |(7) 200 OK         |         |

          |         |<--------|         |         |

          |         |         |         |         |

          |         |         |         |(8) INVITE

          |         |         |         |-------->|

          |         |         |         |         |

          |         |(9) FloorReq       |         |

          |         |-------->|         |         |

          |         |         |         |         |

          |         |(10) FloorReqGrant |         |

          |         |<--------|         |         |

          |         |         |         |         |

          |(11) 200 OK        |         |         |

          |<--------|         |         |         |

          |         |         |         |         |

          |         |         |(12) FloorReq      |

          |         |         |-------->|         |

          |         |         |         |         |

          |Talks    |         |         |         |

          |         |         |         |         |

          |         |         |         |         |

          |(13) TalkBurst     |         |         |

          |-------->|         |         |         |

          |         |         |         |         |

          |         |(14) TalkBurst     |         |

          |         |-------->|         |         |

          |         |         |         |         |

          |         |         |Buffers  |         |B starts RAB

          |         |         |         |         |

          |         |         |         |(15) 200 OK

          |         |         |         |<--------|

          |         |         |         |         |

          |         |         |         |(16) FloorTaken

          |         |         |         |-------->|

          |         |         |         |         |

          |         |         |(17) FloorReqGrant |

          |         |         |<--------|         |

          |         |         |         |         |

          |         |         |(18) TalkBurst     |

          |         |         |-------->|         |

          |         |         |         |         |

          |         |         |         |(19) TalkBurst

          |         |         |         |-------->|
Figure 5: 11.1
Call Flow Using Binary Floor Control Protocol
3.6.2 Discussion of Call Flow Using Binary Floor Control Protocol

1. Originating UA A sends an INVITE to its participating function PFA. The body of the INVITE targets B.

2. PFA returns a 100 message to UA A. From this, A knows that it does not need to resend the INVITE according t o SIP timer T1

3. PFA creates a new SIP dialog and  sends an INVITE targeted at a controlling function, CF. The body targets UA B.

4. CF returns a 100 message to CFA, relieving it from retransmitting the INVITE.

5. CF creates a new SIP dialog and sends an INVITE to the participating function  for UA B. This request is routed on the public identity for PB that was contained in the body of the previous request.

6. PFB returns a 200 OK response accepting the call request and completing media offer-answer.
7. CF returns a 200 OK response to PFA, accepting the call request.

8. PFB creates a new dialog and sends an INVITE to UA B. Note that this actually occurs in rough simultaneity to step 6, return of a 200 OK by PFB to CF.

9. PFA sends a Floor Request to CF

10. CF grants the floor requested in #9

11. PFA returns a 200 OK response to UA A, indicating that the call has been accepted and that A can start talking. 

12. CF requests the floor of PFB.
13. A begins talking, and UA A sends a talk burst to PFA.

14. PFB relays the talk burst to CF, which buffers it while UA B establishes a bearer. 

15. UA B returns a 200 OK response to the INVITE of step 8, accepting the call.

16. PFB tells UA B its floor has been taken by A

17. PFB tells CF that it has been granted the floor for B

18. CF releases the buffered talk-burst to PFB

19. PFB relays the talk burst to UAB

3.6.3 Problems with Call Flow Using Binary Floor Control Protocol

While the preceding call flow appears to be a complete solution to the key requirements, it should be noted that BFCP is a work-in-progress in IETF and that its specification is not complete.

However, it should also be noted that this approach grants significantly greater flexibility to PoC for dealing with multi-participant and inter-network calls than does any other model proposed.
4 Intellectual Property Rights

Members and their Affiliates (collectively, "Members") agree to use their reasonable endeavours to inform timely the Open Mobile Alliance of Essential IPR as they become aware that the Essential IPR is related to the prepared or published Specification.  This obligation does not imply an obligation on Members to conduct IPR searches.  This duty is contained in the Open Mobile Alliance application form to which each Member's attention is drawn.  Members shall submit to the General Manager of Operations of OMA the IPR Statement and the IPR Licensing Declaration.  These forms are available from OMA or online at the OMA website at www.openmobilealliance.org.

5 Recommendation

Discuss the enclosed material and attempt to develop PoC call flows that interoperate well and do not require proprietary semantics for SIP requests.









NO REPRESENTATIONS OR WARRANTIES (WHETHER EXPRESS OR IMPLIED) ARE MADE BY THE OPEN MOBILE ALLIANCE OR ANY OPEN MOBILE ALLIANCE MEMBER OR ITS AFFILIATES REGARDING ANY OF THE IPR’S REPRESENTED ON THE “OMA IPR DECLARATIONS” LIST, INCLUDING, BUT NOT LIMITED TO THE ACCURACY, COMPLETENESS, VALIDITY OR RELEVANCE OF THE INFORMATION OR WHETHER OR NOT SUCH RIGHTS ARE ESSENTIAL OR NON-ESSENTIAL.

THE OPEN MOBILE ALLIANCE IS NOT LIABLE FOR AND HEREBY DISCLAIMS ANY DIRECT, INDIRECT, PUNITIVE, SPECIAL, INCIDENTAL, CONSEQUENTIAL, OR EXEMPLARY DAMAGES ARISING OUT OF OR IN CONNECTION WITH THE USE OF DOCUMENTS AND THE INFORMATION CONTAINED IN THE DOCUMENTS.

USE OF THIS DOCUMENT BY NON-OMA MEMBERS IS SUBJECT TO ALL OF THE TERMS AND CONDITIONS OF THE USE AGREEMENT (located at http://www.openmobilealliance.org/UseAgreement.html) AND IF YOU HAVE NOT AGREED TO THE TERMS OF THE USE AGREEMENT, YOU DO NOT HAVE THE RIGHT TO USE, COPY OR DISTRIBUTE THIS DOCUMENT.

THIS DOCUMENT IS PROVIDED ON AN "AS IS" "AS AVAILABLE" AND "WITH ALL FAULTS" BASIS.

© 2004 Open Mobile Alliance Ltd.  All Rights Reserved.
Page 1 (of 13)
Used with the permission of the Open Mobile Alliance Ltd. under the terms as stated in this document.
[OMA-Template-InputContribution-20040305]

© 2004 Open Mobile Alliance Ltd.  All Rights Reserved.
Page 13 (of 13)
Used with the permission of the Open Mobile Alliance Ltd. under the terms as stated in this document.
[OMA-Template-InputContribution-20040305]

