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Abstract: The paper discusses how the media plane handles voice streams within groups supporting multi-talker control.
1.
Background
GSM-R uses ASCI (Advanced Speech Call Items) features to provide group communication for mobile users. The group call register manages all group call related parameters and a centralized broadcast point in the network distributes the talker's voice media to listeners. Fixed group call participants, e.g. a dispatcher, participates the group by using ISDN or SIP based interfaces. Only one mobile subscriber can talk at the time. Priority handling of mobile subscribers is controlled by help of a group channel (downlink) and grants the right to talk to the subscriber having the highest priority. A group channel is established during the lifetime of the group call. The group call is released either by the initiator of the group call, by an entitled controller or by time-out procedures. The talking assignment is centrally controlled by the group call register in the network. 

2.
Considerations for FRMCS
There are scenarios with railway operations that require multi-talker capabilities. For example, during shunting manoeuvres it would be obstructive if only one mobile subscriber can talk at the time. Multi-talker capabilities improve the safety of the shunting staff and the responsible driver.

Current MCPTT service allows only one talker to transmit voice. The voice bridge that may merge voice media of multiple talkers is in the UE. From railways point of view, the advantage of this approach is that the voice bridge can also be used for ProSe based voice communications, i.e. for off-network groups. In summary, the current architecture is optimized for talker assignment control to enforce that only one group participant can speak and for off-network support.
Multi-talker capabilities for railway communications require that more than one FRMCS user can talk. Keeping for this purpose the voice bridge inside the UE, each UE of the group needs to merge all simultaneous voice streams of multiple talkers within a group, which raises number of issues:

· Bandwidth (radio resource) issues when multiple voice media streams are provided to the UE for merging.

· Merging two voice media streams might still be acceptable, even it already duplicates the use of downlink radio resources. But for shunting teams with e.g. 5 simultaneous talkers, the waste of radio resources, even it is only voice, is not acceptable. In addition, requiring more resources usually increases call failure rates.

· Using broadcast may help, but it requires LTE based MBMS to be used for railways which isn't required for railway communication by any stage 1 requirement. Envisaged new requirements related to FRMCS bearer flexibility make the use of MBMS less attractive for railway communication.
· PCC procedures must be able to support the multi-talking feature.

· Whenever an additional talker enters or leaves the group, the receiving bearer bandwidth may require adaptation. Is PCC quick enough for such adaptations? Can all TFTs be known in advance? Are there any issues with multiple Rx sessions for the same user? This require additional studies.

· Allocating more bandwidth for groups supporting multi-talker control in advance might be another option, but it is a waste of resources and it is not sure if railways have those resources left.
· Frequency space for European railway companies is very limited.

· Current discussions regarding frequency allocation for railway communication indicate that the assigned bandwidth may be quite limited. The risk that inefficient multi-talker groups causing additional bandwidth issues is given.
· More downlink bandwidth required reduces cell sizes or indoor coverage.

· UEs at the cell edge (or inside buildings) may have issues to receive multiple voice media streams simultaneously. It may happen that one media stream can still be delivered, but not five. If so, which voice media stream(s) shall still be delivered or none? Which entity makes the decision and which criteria are used to take that decision.
Current MCPTT specification already supports media mixing by help of the media mixing function inside the media distribution function and can be re-used (3GPP TS 23.379 sub-clause 7.4.2.3.5):

-
provide a media mixing function where multiple media streams are combined into a single media stream for transmission to the MCPTT UE.

NOTE 1:
If media mixing function occurs within the media distribution function, it operates independently of the media mixer in the UE.

3.
Recommendations

Considering the issues raised in chapter 2, the authors of this paper believe that voice media mixing in the network for groups supporting multi-talker control is preferable and existing network functionality should be used. 
