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Introduction

The introduction of A user plane over IP will introduce new network optimization opportunities when the Transcoder are removed from the BSS: it becomes technically feasible to connect directly the BTS user plane to the MGW, the BSC acting only as a signalling server.

Though this evolution is very attractive, it induces a different system behaviour at handover, as the BSC cannot act anymore as a single termination point of the BSS.

Without improvement of the way to manage handover, all BSS internal handover would become equivalent to BSS external handovers, due to the necessity of seizing in the MGW one Radio Access Network Termination per BTS, with several drawbacks on 

· the resource usage (more resources are necessary during the handover period),

· on the speech interruption time (the speech path switching is controlled out band, due to signalling messages exchanges over the A interface). This does not fulfil the requirement 17 on speech interruption time during handover

· the MSC server load (all handovers becomes external handovers).

· The MGW resources as more Radio Access Network termination are necessary during the whole handover procedure

To avoid this negative impact, it is therefore proposed an improved scenario which allows managing all the handovers with the same efficiency as in TDM case, thus fulfilling the requirement to keep the same speech interruption time as in TDM.

Internal Handover preparation and execution with A interface over TDM

With the current A interface definition, the internal Handover scenario is very simple:

1. set up a new channel in the target cell

2. optionally, set up a Y connection in the BSC to multicast the speech towards the two cells

3. send the HO command to the MS

4. When the MS accesses the new cell with the HO access (or when the MS starts sending speech in the target cell), switch the uplink data path in the BSC to connect the target cell to the transcoder.

5. if the HO fails, the BSC just re-establishes –if necessary- the speech path with the source cell, and releases the resources in the target cell.

Handover preparation and execution with AoIP

When introducing AoIP, with a direct connection between the BTS and the MGW (when the TCs are removed from the BSS), it is not possible to keep an equivalent scenario, as the two BTSs cannot share the same IP termination point. The scenario of an intra BSC handover becomes very close from the scenario of an inter BSC handover in a classical GSM BSS :

1. set up a new channel in the target cell

2. set up a new RAN termination in the MGW. Optionally, set up a Y connection in the MGW with the source and target RAN terminations, to multicast the speech towards the two cells

3. send the HO command to the UE/MS

4. when the MS accesses the new cell, the BSC sends a message to the MSC server, indicating that the MS has accessed the target cell

5. the MSC server switches the uplink path from the source RAN termination to the target RAN termination .

Being very close to the existing inter BSC handover, this scenario will also induce a longer speech interruption time, due to the necessity to use the signalling part to switch the Radio Access Termination.

As a secondary effect, it will also require more transcoding resources than an existing internal BSC handover, and more MSC server processing, as all handovers are external handovers.

Proposed optimized handover scenario

To avoid this effect, it is proposed to improve the MGW so that the same Radio Access Termination is used in the source and target cells, reusing the same type of scenario as in the GSM internal handover scenario.

1. in the source cell, a connection has been set up between the radio channel (IPb1, Pb1) and the RAN termination (IPr1,Pr1). (IP address, port number)

2. set up a new channel in the target cell

3. Indicate to the MSC server that a handover is prepared, indicate the IP, port of the target radio channel (IPb2,Pb2)

4. the MSC server configures the MGW to indicate that the RAN termination managing the connection with (IPb1, Pb1) must now manage (IPb2,Pb2).

5. Now, the same RAN termination manages two RTP connections:

a. (IPr1,Pr1) with (IPb1, Pb1)

b. (IPr1,Pr1) with (IPb2, Pb2)

As an implementation choice, the RAN termination can do one of the following actions, in the downlink :

· Generate the same voice flow towards the two cells if they use the same codec,

· Generate two different voice flows when the two channels use different codec

· Generate only one voice flow if the two codecs are different and the RAN Termination does not have enough resources to produce the two different voice flows. In this case, the RAN termination will use the codec corresponding to the last received good uplink voice packet

6. In order to switch from the old channel to the new channel, the RAN termination is waiting for the first valid speech block coming from the target cell (this may be either a speech frame or a SID frame).

It can be noted that the RAN termination will not receive at the same time valid speech blocks coming from the two cells

7. As soon as it receives it, it starts generating the speech corresponding to  the target cell information.

8. Optionally, it can continue to generate a speech flow towards the source cell, with the same alternatives as above.

9. From this moment on, the RAN termination can still switch back to the source codec, if the source cell restarts transmitting valid voice information (voice or SID, as mentioned above). This situation will be terminated either when the handover will have been successfully terminated in the target cell or in case of a handover failure, due to information reported to the MSC server by the BSC.

Conclusion

There is a simple way to dramatically improve the intra BSC handover when the BTSs are directly connected to the MGW, so as to fulfil the requirements on speech interruption time durins handover.

It is proposed to add this enhancement to the definition of the AoIP specification. More specifically, as this is stage 2 level description, it is proposed to include this enhancement to the TR on AoIP.

