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Abstract: This contribution is to provide a method that DMO group call controlled by call originating user.
1. Introduction
The UE-UE relay working as MCPTT AS to control a DMO group call setup solution has been discussed and adopted in TR 23.779. This solution can work well in the Scenario that all users connect to the same UE-UE relay. However，the real case may be much more complex. This contribution will provide a solution which can cover all kinds of scenarios.
2. Discussion and proposal
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)In the real deployment, in addition to scenario 1 (as figure 1 shows), there are scenario 2 (figure 2 shows) and scenario 3(as figure 3).
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Figure1
 All users connect through a central relay
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Figure
 2 
All users directly connect to each other
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In figure 1, there is a central UE (e.g., high-power vehicle-mounted UE) which can be easily chosen by other UE as the UE-UE relay.
However, in case of scenario2 and scenario 3, there is no such central relay UE. Especially in scenario 3, multiple UEs need to work as UE-UE relay and groups users distribute in an un-regular way. How to choose a central relay is a problem. 
To solve the problem, one of possible way is to design an algorithm to choose one user as the relay among all the users. All other UEs connect to the relay through one or multiple hop. The problem is that algorithm may be very complex.
An easier way is not to choose a central UE-UE relay, but to define the mechanism that caller UE works as a MCPTT group call controller and performs the call floor control. (Note that this is very easily understanding that the system firstly to meet the communication requirement who originating a group call). The basic idea is summarized as the following:  
The caller UE who originating a group call will broadcast Call Setup Invite SIP message to the group (e.g., using rel12 1: m communication way to carry the SIP message). The UEs who able to directly hear this SIP Invite message broadcast the feedback to the group. Those UEs who not able to directly hear SIP Invite message from caller UE, but able to hear the feedback from other UEs, will know there is a group call being initiated. Then they can ask for relay support and get the SIP invite message from the relay. (It is the similar mechanism as it proposed in S2-144293 submitted by Telefonica UK).

      Figure 4  Signalling flow for group call establishment- Call Orginatior Controling Solution

1. The caller UE who originating a group call is serve as MCPTT group call controller 
2. The caller UE will broadcast the SIP call invite to the group. This SIP call invite signalling can be sent in 1:m communication message defined in rel12. SIP signalling carry the following information: target group ID, caller user ID. 
3.  Callee1 and Callee 2 are UEs who can directly receive the message from caller user. They know the group call is originated by caller UE after reading the SIP content. Then they can decide to join.
4. Callee1 and callee2 broadcast 200 ok SIP message to the group. The 200 Ok is also sent in 1:m communication message.
5. Callee3 is one of UEs who are not able to directly hear caller UE. Assuming it can hear 200 OK Feedback from one or other UEs like callee1 and callee2. It then knows that someone has initiated a group call from the 200 OK Feedback.
The message carrying 200 ok can of course be received by caller UE. 
6~7 Callee3 will select one UE (callee1 or callee2) as a Callee3 to Caller Relay. The Relay (assuming callee2) can forward the SIP call invite message to callee3 after the relay connection is setup.
6. Callee3 will send 200 ok through callee2 to caller user. 
7. The callee2 can work as an IP router and transparently forward the 200 ok.
8. Caller user receives 200 ok.
9. ~13 Caller UE sends the ACK SIP message to all feedback users directly or through relay.
14~ 16. As the controlling server, the caller user perform floor control function
17~18 The caller UE receives all the data from speakers and forward to other UEs.
	
From above procedure, it can be concluded that this caller controlling based solution can be used in both DMO and DMO-R Scenario.  

Accordingly, it proposes SA6 agree the following CR:
**************************Begin of the CR**************************
[bookmark: _Toc388603651][bookmark: _Toc405100667]5.x	Solution x: DMO/DMO-R group call setup 
[bookmark: _Toc388603652][bookmark: _Toc405100668]5.x.1	Functional Description
[bookmark: _Toc388603653]The solution described in this clause assumes that the group call originating User (caller User) working as a group call controller. 
This solution can cover all DMO/DMO-R scenarios as the following:
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Scenario 2: All users connect through a central relay/DMO-R
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The solution for MCPTT DMO-R/DMO described in this clause has the following salient features:
· The caller user who originating a group call is serve as MCPTT group call controller 
· The caller user broadcast the SIP call invite message to the group through 1:m prose communication way over PC5.
· The caller user performs Floor Control for the group call.
· The caller user receives voice/data from each speaker and relays the voice/data to other memberships. 
· The callee user who able to see the call originator (caller user) can work as layer 3 UE-UE relay for the callee user who not able to see the call originator (caller user).
· Routing the signaling and data for the group call to/from the callee user who not able to see the call originator.
· The callee user who able to see the call originator broadcast the 200 OK Feedback message to the group.
· The callee user who not able to see the call originator will choose the relay according to the 200 OK Feedback message.
[bookmark: _Toc405100669]5.x.2	Procedures
5.x.2.1	General
The following procedures are described with call flows:
-	Establishment of MCPTT communication session: The procedure also describes how a Remote UE (UE-1) initiated an MCPTT group session with other Remote UEs (UE-2, UE3, and UE4) within one MCPTT group, and how the MCPTT group session is established.
-	Floor control: describes how floor control is arbitrated by a centralised floor controller residing in the MCPTT DMO-R/DMO call controller.
[bookmark: _Toc382228959]5.x.2.2	MCPTT Group communication setup
Outlined in Figure 5.x.2.2-1 are the control plane procedures for MCPTT Group communication establishment for both DMO/DMO-R case.




Figure 5.4.2.3-1: DMO/DMO-R group call establishment
1. The UE1 who originating a group call serve as MCPTT group call controller. 
2. The UE1 will broadcast the SIP call invite to the group. This SIP call invite signalling can be sent in 1:m communication message defined in rel12. SIP signalling carry the following information: target group ID, caller user ID. 
3.  UE2 and UE3 are UEs who can directly receive the message from call originator UE1. They know the group call is originated by UE1 after reading the SIP content. Then they can decide to join.
4. UE2 and UE3 broadcast 200 ok SIP message to the group. The 200 Ok is also sent in 1:m communication message.
5. UE4 is one of UEs who are not able to directly hear call originator UE1. Assuming it can hear 200 OK Feedback from one or other UEs like UE2 and UE3. It then knows that someone has initiated a group call from the 200 OK Feedback.
The message carrying 200 ok can of course be received by UE1. 
6~7 UE4 will select one UE (UE2 or UE3) as a UE3-UE1 Relay. The Relay (assuming UE2) can forward the SIP call invite message to UE3 after the relay connection is setup.
8. UE4 will send 200 OK Message through UE3-UE1 Relay (assuming UE2). 
10. The UE2 works as an IP router and transparently forward the 200 OK to UE1.
11. ~13 UE1 sends the ACK SIP message to all feedback users directly or through relay.
14~ 16. As the controlling server, the call originator UE performs floor control function.
17~18 The UE1, receives all the data from speakers and forward to other UEs.
5.x.2.3	Floor control procedure
Outlined in Figure 5.x.2.3-1 is the floor control procedure (only for applications that need it).


Figure 5.x.2.3-1: Floor control procedure
The call flow is largely self-explanatory and needs no step-by-step description. The following assumptions apply:
-	Floor control messages (Floor Request and Floor Grant in Figure 5.x.2.3-1) may be based on the Binary Floor Control Protocol (BFCP) defined in IETF RFC 4582 [9].
-	Floor control requests are arbitrated by a centralised floor control server collocated with the group call originator UE. 
[bookmark: _Toc405100670]5.4.3	Impact on Existing Entities and Interfaces
System-level considerations:
-	PC5 needs to be enhanced as part of Rel-13 work item eProSe-Ext to support the following (also refer to step 1 and step 5 in Figure 5.x.2.2-1):
- Relay discovery
- one-to-one communication (including PC5-level mutual authentication between the Remote UE and the Relay UE, as well as IP address assignment).
-	One-to-many communication over PC5 defined in Rel-12 is needed only if multicast delivery is required over PC5.
-	The Relay UE needs to support IP router functionality.
Application-level considerations:
-	MCPTT DMO/DMO-R group call controlling residing in the call originator includes the following functionality:
-	SIP session control.
-	Support for centralised floor control (e.g. with the Binary Floor Control Protocol (BFCP) defined in IETF RFC 4582 [9]), the call originator serving as the floor arbitrator.
-  Support broadcasting SIP message by 1:m communication mechanism over PC5
[bookmark: _Toc405100671]5.4.4	Solution Evaluation
This solution can work as the solution for both DMO and DMO-R MCPTT group call establishment. 
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