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 Discussion on AMR Codec Mode adaptation
during Handover procedure
1 Introduction
AoIP has been introduced in Release 8, and TrFO (Transcoder Free Operation) can be implemented with AoIP in GSM network. If TrFO is applied, i.e., no transcoder device is physically present in the communication path, the speech quality will be better. 
When one MS changes its codec, e.g. from FR_AMR 12.2kbit/s into HR_AMR 7.4kbit/s, and the current TrFO operation is maintained according to networks’ determination, the MS can not receive its far end party’s speech until completing Codec mode adaptation.
This paper is to kick-off the discussion on AMR codec mode adaptation, especially during the handover procedure.
2 Potential problems during handover procedure
When a call is established with TrFO implemented and an MS is handed over from a full rate traffic channel to a half rate traffic channel, the codec of the MS and its far end party is not adaptable any more. Hence, the handed-over MS can not receive the speech from its far end party for about 200ms, and the communication path will be recovered after Codec Mode Adaption is completed. The following figure shows the case that communication breaks due to codec change.
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Figure 1 speech break after handover procedure
As shown in Figure 1, initially both MS1 and MS2 adopt FR_AMR 12.2kbit/s codec through full rate traffic channels. And then MS1 is handed over to a TCH/H, while a new codec (e.g., HR_AMR 7.4kbit/s) is adopted with a lower rate than the old one. 

Because HR_AMR (set1) is compatible with FR_AMR (set1), the network judges the TrFO operation can be maintained after handover. Obviously the voice frame from MS2 still adopting FR_AMR 12.2kbit/s codec can not be transmitted to MS1 through the TCH/H, which means the conversation breaks on downlink.

Only after Codec Mode Adaptation has been completed and the MS2 changes codec to FR_AMR 7.4kbit/s, the communication path is resumed.

This communication path breaking-off period is about 200ms after handover, and MS1 receives no voice from MS2 during this breaking-off period.

3 Possible solution
To eliminate or reduce the communication path breaking-off period it is better to find out a way to perform Codec Mode Adaptation procedure in advance.

From the sourcing company’s view one possible solution is stated as following and shown in Figure 2:
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Figure 2 Codec Mode Adaptation during Handover procedure
1. Initially MS1 in Source BSS adopts codec (codec_1) is compatible with the party MS2’s codec (codec_2), which allows TrFO operation.

2. During MS1’s handover procedure, MSC judges that the codec used in the MS1 on the target traffic channel is compatible with the MS2’s, which means TrFO operation can be maintained after handing over MS1. Afterwards the source BSC acquires the information of the speech codec chosen by the target BSC (codec_1’) which is contained in the Handover Command message, and transfers this information to the source BTS by Abis Pre-Handover Notification message.
3. The source BTS compares the codec_1’ with the current MS1’s codec  first, and
- if codec_1’ is compatible with the codec_1 and the maximal rate of codec_1’ is equal or higher than the one of codec_1, the source BTS sends Handover Command to MS1 without any other actions; 
- if codec_1’ is compatible with the codec_1 but the maximal rate of codec_1’ is lower than the one of codec_1, the source BTS triggers the Codec Mode Adaptation procedure for the MS2 to adapt its codec rate down to the maximal rate of codec_1’ before sending Handover Command to MS1. Thus speech frames from MS2 can be transmitted on MS1’s target traffic channel as soon as possible.
4. MS1 tunes on the target traffic channel and continues the conversation without unwanted silent period.
As above analysis, in order to eliminate or reduce the unwanted silent period (communication breaking-off period) after handover due to codec change, the Codec Mode Adaptation operation should be performed in advance. From the sourcing company’s view, only the source BSS is suitable for the Codec Mode Adaptation operation during the handover procedure, which means information of the Speech codec chosen by the target BSS (Target_Speech_Codec) should be informed to the source BTS. Therefore the Target_Speech_Codec information, as a field element, should be added in the New BSS to Old BSS Information IE passed transparently between BSSs via the MSC.
4 Conclusion
To eliminate or reduce the handover MS’s unwanted silent period after its handover, it is proposed to introduce an optional field element indicating the Speech codec chosen by the target BSS in New BSS to Old BSS Information IE.
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