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* * * First Change * * * *

13.20.1
Beginning the Voice group call 

The procedures specified in 3GPP TS 43.068 [39] and 3GPP TS 48.008 [27] (for AoIP) for the Voice group call service shall be followed. For a Voice broadcast call the procedures in 3GPP TS 43.069 [40] and 3GPP TS 48.008 [27] (for AoIP) shall be followed. When the served mobile subscriber invokes a Voice group call service the MSC server selects an MGW that provides the conference bridge capabilities with enhancements to support Voice group calls. The MSC server shall estimate the size of the Conference terminations needed for the VGCS call from the data retrieved from GCR and reserves the requested number of Conference terminations for that call. The number of needed conference terminations is provided within the prepare bearer procedure.

* * * Next Change * * * *

13.20.2
Talker change in Voice group call (1 channel model)

If the MSC server decides that the talker shall use the uplink associated to the downlink of the ASCI broadcast (common group call) channel (1 channel model, see 3GPP TS 43.068 [39] or 3GPP TS 48.008 [27] (for AoIP)), the talker's speech is transferred via the uplink channel of the ASCI broadcast channel of the cell. The stream arrives within the MGW on the termination of the traffic channel serving the cell or BSS (enhanced A-interface) and is transferred to the conference function where the summarized conference signal is calculated. The resulting stream is then transferred to all conference terminations. The normal behaviour of a conference bridge is to subtract for each conference member its own speech (incoming stream) from the summarized signal, otherwise it hears itself (outgoing stream). Therefore the Talker context need to be modified by adding a new termination to the context which is connected to the listener context (see figure 13.20.5/3 and 13.20.5/5). The topology within the talker context is set oneway from uplink of the ASCI broadcast channel in direction to Conference bridge (old termination of the talker context) and the topology is set to Oneway from the new added termination towards the termination connected to the downlink of the ASCI broadcast channel. This is performed using establish bearer procedure and change flowdirection. To avoid, that the talker hears himself, the UE internally switches off the loudspeaker (muting/unmuting functionality, 3GPP TS 43.068 [39]) on request of the MSC server. 

* * * Next Change, new subclause * * * *

13.20.6
Voice group call and voice broadcast services with AoIP
Figure 13.20.6/1 shows the example message flow for the establishment of a VGCS call when AoIP is used with two cells and when the talker is located in cell1 and the Talker is on a dedicated channel. Figure 13.20.5/1 shows the applicable possible network model of an anchor MSC for a voice group call when the talker is on the dedicated channel.
Before the MSC server sends the Assignment Request to the BSC, the MSC server requests the MGW to reserve an RTP bearer termination using the Reserve RTP Connection Point procedure. 
The MSC server requests the MGW to reserve an IP Address and UDP Port and also may indicate that the IP interface type is for AoIP. The MGW reserves the RTP termination and indicates the IP address and UDP port number to the MSC server. 
The MSC server then requests access bearer assignment using the provided IP address and UDP Port. 
When the MSC server receives the BSSMAP ASSIGNMENT COMPLETE message, it shall send the BSC IP address and UDP Port to the MGW Access bearer termination using the Configure RTP Connection Point procedure.
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Figure 13.20.6/1: Message sequence chart for a voice group call with AoIP when talker is on dedicated channel
_1494314062.vsd

