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Background: This discussion paper gives an overview of the work required to TS 24.379 in order to implement first-to-answer call in Rel-14. The flow below is the current Stage 2.
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In offline discussion with some attendees in SA6, it has become apparent that this flow is not clear enough and needs to be aligned properly with the Stage 1 requirements in TS 22.179 subclause 6.7.4a:
6.7.4a Private Call (with Floor control) commencement requirements
[R-6.7.4a-001] The MCPTT Service shall provide a first-to-answer commencement mode by allowing the originating user to indicate multiple potential target recipients for a Private Call (with Floor control) and shall ensure that the call is established only to the first answering user.
Note: Attention needs to be given to prevent undesired outcomes caused, for example, by automatic answer or divert to voicemail.
[R-6.7.4a-002] When a receiving user answers a first-to-answer Private Call (with Floor control) the MCPTT Service shall remove all other receiving users from that call.
Specifically the following needs to be highlighted:
a) Automatic answer is prohibited for first-to-answer call
b) Forwarding of the first-to-answer call (e.g. to voicemail) is prohibited
c) The message flow above needs to show ringing responses sent from the clients back to the server

d) The server will send a progress indication to the client on the first ringing response.

e) The server will silently consume all further ringing responses

f) All users are alerted independent of any local settings on the client for answer mode. Thus, it is proposed that the controlling function will set the Priv-Answer-Mode header field in each of the outgoing SIP INVITE requests with a value "Manual".

g) It is assumed that first-to-answer call can be initiated by a user that has a pre-established session.

h) It is assumed that a first-to-answer call can use pre-established sessions on the terminating side. The terminating participating function will send a Re-INVITE (which assumes manual mode). No Priv-Answer-Mode header field of Answer-Mode header field is allowed in a Re-INVITE request. Thus the terminating PF will send a new INVITE request with a replaces header containing the dialog-id of the pre-established session.
Based on the above, a Stage 3 flow is available in the Annex of this discussion paper.

The following steps are the Stage 2 steps with clarifying notes regarding how these requirements are proposed to be implemented in Stage 3.

1.
MCPTT user at MCPTT client 1 would like to establish a MCPTT first-to-answer call indicating a set of potential target recipients. For a MCPTT first-to-answer call with floor control, floor control is to be established. For first-to-answer call without floor control, both users will have the ability to transmit without floor arbitration.

2.
MCPTT client 1 sends an MCPTT first-to-answer call request including a set of potential target recipients, using an MCPTT service identifier as defined in 3GPP TS 23.228 [5] (possible for the SIP core to route the request to the MCPTT server). The MCPTT first-to-answer call request contains the MCPTT ID of originating user and an SDP offer containing one or more media types. The MCPTT first-to-answer call request may also contain a data element that indicates that MCPTT client 1 is requesting the floor, for a first-to-answer call with floor control. The MCPTT client 1 includes a first-to-answer call indication that the call is to be established only to the first answering user.

Editor's note: It is FFS whether the target recipients are pre-configured and included by the MCPTT server.
Stage 3 implementation:

First-to-answer call is initiated using a SIP INVITE request with an SDP offer with the MCPTT IDs of the potential list of targets included in a resource-lists MIME body. These targets will need to be protected by using the existing XML security procedures.

The First-to-answer call is indicated in the SIP INVITE request using a new value for the <session-type> element in the "mcptt-info" MIME body called "first-to-answer-call"
If requesting the floor implicitly as part of the first-to-answer call, the includes the "mc_implicit_request" 'fmtp' attribute in the associated UDP stream for the floor control in the SDP offer/answer as specified in 3GPP TS 24.380 clause 12.
The Request-URI of the INVITE request is set to the PSI of the originating PF of the calling user so that the calling user's MCPTT ID can be retrieved. The O-PF uses the "first-to-answer-call" indication together with the MCPTT ID of the originating user to determine the PSI of the "first-to-answer-call" service, which will allow the O-PF to route to the correct controlling MCPTT function.
3.
The MCPTT server confirms that MCPTT users are authorized for the call and whether the MCPTT user at MCPTT client 1 is authorized to initiate a first-to-answer call.
Stage 3 implementation:

Authorisation is required on the initiating user at the controlling MCPTT function. C1-170534 indicates that the authorisation parameter in the MCPTT user profile configuration document is still to be provided in TS 23.379.
NOTE: Authorisation for private call is done at the participating function. The assumption is that authorisation for first-to-answer call is additional to that for private call, and will be done at the controlling function. It is also assumed that emergency authorisation applied to first-to-answer calls is the same as for private calls.
The following authorisation will be applied to the targets (as per the configuration parameters for private call already included in MCPTT user profile of the initiating user as described in TS 23.379 and as implemented in the MCPTT user profile configuration document in TS 24.484).
	[R-5.6.5-004]
	Authorised to make a private call


	[R-5.6.5-003]

[R-6.7.4-002]

[R-6.7.4-004]


	List of user(s) who can be called in private call


	[R-5.6.5-003]
	Authorised to make a private call to users not included in "list of user(s) who can be called in private call"


4. 
The MCPTT server determines the list of MCPTT users to send MCPTT first-to-answer call request, based on a set of potential target recipients obtained from the request from MCPTT client 1
Stage 3 implementation:

See above for the determination of the list of MCPTT users to send the MCPTT first-to-answer call request. If the controller determines that all the users in the list cannot be involved in a private call with the inviting user (and the exception is not set to allow the call to still go ahead), then the "first-to-answer" call will be rejected. If some of the called users are authorised successfully, while some are not, the call will be placed to those authorised users.
5a, 5b, 5c. 
The MCPTT server includes information that it communicates using MCPTT service, offers the same media types or a subset of the media types contained in the initial received request and sends similar MCPTT first-to-answer call request to each potential target recipient, including the MCPTT ID of the calling MCPTT user at MCPTT client 1. If one or more called MCPTT users have registered to the MCPTT service with multiple MCPTT UEs and has designated the MCPTT UE for receiving the calls, then the incoming MCPTT first-to-answer call request is delivered only to the designated MCPTT UE. Otherwise MCPTT first-to-answer call request may be delivered to all the registered MCPTT UEs.
Stage 3 implementation:

The controlling MCPTT function will not have sight of the registration status of the list of targets and thus will just send the invites to all authorised targets. The request will be forwarded to all registered users as determined by the terminating network. The controller will set the Priv-Answer-Mode header field in each SIP INVITE request to "Manual".
6a, 6b, 6c. 
The MCPTT users are alerted, regardless of the commencement mode.
Stage 3 implementation:

"first-to-answer" terminations are similar to manual commencement mode in that the users are alerted and the clients sends back SIP 180 (Ringing) responses. The Stage 2 flow does not show the ringing responses, but it is assumed that the controller (being a B2BUA) will translate the first SIP 180 received into a SIP 183 back to the client and all further 180 responses will be consumed by the controller.

The "first-to-answer-call" indication in the SIP INVITE request (new value "first-to-answer" in <session-type>) will be used to ensure that the user is alerted and that the call is not forwarded (e.g. to voicemail).
7.
MCPTT user at MCPTT client 2 accepted the call which causes MCPTT client 2 to send an MCPTT first-to-answer call response to the MCPTT server.

NOTE: 
MCPTT server does not divert MCPTT first-to-answer call to voicemail if MCPTT user at MCPTT client 2 has not accepted the incoming call. 
Stage 3 implementation:

On acceptance of the call, a client will send a SIP 200 (OK) response with the SDP answer, to the SIP INVITE request. When the client receives a SIP ACK to the SIP 200 (OK), it will send a SIP INFO request that contains the MCPTT ID of the connected user.

8.
The MCPTT server sends an MCPTT first-to-answer call response to MCPTT client 1 indicating that MCPTT user at MCPTT client 2 has accepted the call, including the accepted media parameters.
Stage 3 implementation:

The MCPTT server will expect to also receive a SIP INFO request to confirm that the call was set up with the intended user after receiving the SIP 200 (OK) to the SIP INVITE request. The MCPTT server can correlate the SIP dialog as being related to a "first-to-answer" call as the SIP INVITEs sent to the MCPTT users will have <session-type> set to "first-to-answer". On determination of acceptance of the call, the server will send a SIP 200 OK response with the SDP answer, to the SIP INVITE request.
9.
The media plane for communication is established. Either user can transmit media individually when using floor control. For successful call establishment for first-to-answer call with floor request from MCPTT client 1, the floor participant associated with MCPTT client 1 is granted the floor initially. At the same time the floor participant associated with MCPTT client 2 is informed that the floor is taken. For a first-to-answer call without floor control both users are allowed to transmit simultaneously.
Stage 3 implementation:

Implicit floor is implemented as per existing procedures in TS 24.379 and TS 24.380.
10. MCPTT user at MCPTT client 3 has also accepted the call which causes MCPTT client 3 to send an MCPTT first-to-answer call response to the MCPTT server.

11. Since the MCPTT first-to-answer call response from MCPTT client 2 is already accepted, the MCPTT server sends a MCPTT first-to-answer call cancel request to MCPTT client 3.
Stage 3 implementation:

Controlling MCPTT function sends a SIP BYE request for the established session towards client 3.
12-13. MCPTT user at MCPTT client 3 may be notified that the MCPTT first-to-answer call is released with a reason for call release and MCPTT client 3 sends a MCPTT first-to-answer call cancel response.
Stage 3 implementation:

It is proposed not to use SIP headers to provide a reason for the termination. Rather, it is expected that the client can correlate the SIP BYE with the "first to answer" SIP dialog and the client implementation can then provide a "first-to-answer" termination message to the MCPTT user.
14. MCPTT server sends a MCPTT first-to-answer call cancel request to all other MCPTT first-to-answer call request receiving users from that call. This step may happen immediately after Step 9.
Stage 3 implementation:

Controlling MCPTT function sends a SIP CANCEL request for the sessions where a SIP 200 OK has not been received. If the receiving clients have already sent SIP 200 OK responses to the original INVITE, then SIP BYE will need to be sent to these clients, when the controlling MCPTT function receives the SIP 200 OK to the original INVITE request or if an intended SIP 487 (Request Terminated) is not received.
15-16. MCPTT user at MCPTT client n may be notified that the MCPTT first-to-answer call is cancelled with a reason for call cancel and MCPTT client n sends a MCPTT first-to-answer call cancel response. 
Stage 3 implementation:

It is proposed not to use SIP headers to provide a reason for the cancellation. Rather, it is expected that the client can correlate the SIP CANCEL with the "first to answer" SIP dialog and the client implementation can then provide a "first-to-answer" termination message to the MCPTT user.
Details of stage 3 proposal
1. It is proposed to document the "first-to-answer-call" in the Private Call procedures in 3GPP TS 24.379. The advantage of this approach is that any private call security procedures and the private call procedures for implicit floor request, will automatically become applicable to first-to-answer call.
2. It is proposed to use appropriate terminology to allow the emergency call procedures to apply to private call and first-to-answer call. The following definitions are proposed:

First-to-answer call: A call initiated by one user towards a list of other users with the intention to establish an MCPTT private call or MCPTT emergency private call, with one of the users in the list of users.

MCPTT emergency private call: MCPTT emergency call between two MCPTT users that is initiated as a private call or a first-to-answer call with emergency indication, or without emergency indication when the MCPTT emergency state is already set,

MCPTT private call: MCPTT call between two MCPTT users that is initiated as a private call or a first-to-answer call.

Private call: A call initiated by one user towards one other user with the intention to establish an MCPTT private call or MCPTT emergency private call.

3. It is also proposed to create the following new definitions for SIP INVITE messages for determination at the the client and server, e.g.
-
SIP INVITE requests routed to the controlling MCPTT function as a result of PSI routing on the originating side in accordance with the originating procedures as specified in 3GPP TS 24.229 [4], or as a result of direct PSI routing, in accordance with the termination procedures as specified in 3GPP TS 24.229 [4], the Request-URI is set to a public service identity for first-to-answer call and the Contact header field does not contain the isfocus media feature tag specified in IETF RFC 3840 [16]. Such requests are known as "SIP INVITE request for controlling MCPTT function of a first-to-answer call" in the procedures in the present document.
Annex A: Stage 3 flow for first-to-answer call
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