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BARS (9.5)
Introduction

This contribution adds more handover scenarios and proposes to add some sub-sections to section 5 of the Technical report. 

The selected scenarios show that the handling of the Codec List in BICC/OoBTC should be enhanced to support cases in a better way, where ideal end-to-end transcoding free operation is impossible. 

Discussion

The discussion is done directly in the proposed changes.

Proposed Changes for TR 23.977

FIRST CHANGE

5.

Call Scenarios to be studied

[Editor’s Note: In addition to the scenarios present, the following case should also be included:

B) Dynamic cases (i.e. where the scenario changes during the call)
B1) Call scenarios with changes at call setup
- Calls with cascades of TFO and TrFO
- Calls with call forwarding

B2) Call scenarios with changes due to handover:
- Call scenario with change of codec type due to intra UTRAN handover

NEXT CHANGE

5.5
A Selection of Handover Scenarios

5.5.1
BSC to BSC Call via BICN with Intra GERAN Handover AMR-AMR

Stable Call Situation long before the Handover:
UE A in the coverage area of a BSC connected via A interface to a MGW, called UE B, which is in the coverage area of a BSC connected via A interface to a different MGW. The call between the MGWs is carried via the Nb interface connecting them. Both BSCs selected the FR_AMR Codec Type with Codec Configuration set 12 (10.2  6.7  5.9  4.75). The call is established using also FR_AMR (or UMTS_AMR_2) on the Nb interface. TFO-TrFO-TFO interworking applies and end-to-end transcoding free operation is achieved. See Figure 5.1.2-1 "BSC to BSC Call via BICN".

Both GSM terminals (UEs) and the GSM base stations (BTSs) monitor their receiving-link quality/capacity and issue regular "Codec Mode Requests" (CMRs) every 40ms on the radio-, Abis- and Ater-interfaces to adapt the net bit rate (the codec mode) to the actual radio link capacity. The GSM TRAUs potentially modify these CMRs, but most of the time just send them along inside the TFO_Frames on the A-interfaces. The MGw, when receiving these regular Codec Mode Requests, investigate, whether there was a change in the requested bit rate and only if a change occurred, they issue Rate Control Requests (RC_Req) on the Nb-Interface. These Rate Control Requests are acknowledged by the distant MGw (RC_Ack) and from then on the distant MGw sends the new, updated CMR to the connected GSM_BSS via TFO_Frames. In this way end-to-end Rate Control is achieved, providing the best possible voice quality under the given radio conditions.

Situation just before Handover:
One of the radio interfaces decides that another cell and also another Codec Type has to be used, e.g. for capacity reasons an inter BTS handover has to be performed and the new Codec Type after handover will be HR_AMR with Codec Configuration set 10 (7.4  6.7  5.9  4.75). 

The BSC allocates a new radio channel and a new TRAU device (in this example) and prepares the Handover-Handler. Here we assume that the Handover Handler consists just of a Y-distribution of the downlink PCM signal from the A-Interface to both TRAUs (old and new) and a hard switch (either-or) between both TRAU output PCM streams towards the A-Interface. 

The Handover has still not occurred, but the new BTS and the new TRAU are already interconnected via Abis/Ater and initialised and synchronised to each other. Therefore the new downlink radio channel is already actively sending coded speech, but the mobile station still receives and sends from/to the old BTS. No interruption of the speech path has occurred so far. The TFO-Protocol is still running between old TRAU and distant TFO-Partner (in this case the MGw). The new TRAU gets TFO_Frames in downlink and starts to send TFO_Frames in uplink, but so far these contain only frames with classifications "No_Data" or "Speech_Bad", because the new BTS does not receive useful data yet. The uplink TFO_Frames from the new TRAU are anyway ignored by the Handover Handler.

Optionally the BSC has informed the old BTS (and indirectly or directly the old TRAU) that an handover is expected (Pre-Handover Notification). In this case the old TRAU steers the Rate Control down to the lowest or second lowest mode of the Configuration. This is done in both directions (uplink and downlink) to ensure that the error robustness just before and after handover is maximized, due to the fact that the link quality of new radio channel is still not precisely known. The new TRAU anyway starts to send in lowest or second lowest mode, until the new BTS allows higher rates.
If this optional Pre-Handover Notification is not implemented, then there could be a jump in bit rate at handover time. But typically we can assume that the old radio channel is at its performance limits and the rates are anyhow already quite low.

Now, finally, the UE gets the command to perform the handover. That means: the UE starts receiving and sending from /to the new BTS. The UE starts in uplink also in lowest or second lowest mode.

Situation just after Handover:
Suddenly the old BTS does not get any useful data in uplink, although it still sends speech in downlink. So the old BTS produces TRAU_Frames on Abis/Ater with classification "No_Data" or "Speech_Bad" and the old TRAU relays these further on to the distant TFO_Partner. The distant UE gets bad speech frames and performs error concealment as usual. Some lost speech frames are often not perceived as such (depends on the speech signal itself).

Now the new BTS gets the uplink speech and after a short while (40ms) it starts to send TRAU_Frames in uplink with classification "Speech_Good". The new TRAU passes these on to the Handover Handler, which – in our example – still discards them, until the new BTS informed the BSC about successful handover and the Handover Handler is commanded to take the new TRAU output.

In the uplink direction the distant TFO_Partner gets for a short while "Speech_Bad" Frames, until the new TFO_Frames are through-connected. The TFO_Protocol itself is, however, only very shortly disturbed, just in the switching instant, typically two TFO_Frames are destroyed, but both TFO_Partners re-synchronise quickly.

In the downlink direction the UE always received useful data, either from the old or from the new BTS. But typically two frames are lost due to the break in the interleaving scheme.

Now – after some 100ms – the estimates on the new radio channel capacities in uplink and downlink are better and better and the UE and the new BTS start to ramp up the bit rate (Codec Mode) to the appropriate level. It should be expected that the radio channel after handover is substantially better than before, so the rate will be quickly up to optimum.

But what is now the maximally allowed rate? Remember: we have FR_AMR on the distant side and HR_AMR now after handover on the local side (where the handover occurred). The new TRAU knows its own Configuration and just does never allow higher rates than 7.4. But 7.4 is not supported by the other configuration! The highest common mode is indeed 6.7.  How do the TRAUs know this? Well, meanwhile the new BTS and the distant TFO_Partner have exchanged their full configuration (Codec Type and Configuration, alternative Code List) and the new TRAU has just read and copied that as well.

Conclusion: 
Handovers in a TFO-TrFO-TFO connection between FR_AMR and HR_AMR (and all combinations of these two) work very smart without noticeable interruptions of the transcoding free operation or the speech path, with reasonably well organised rate control during the handover process. The resource saving in TRAUs and MGWs and the bandwidth saving on the Nb interface remain intact all the time. 
Prerequisite: the AMR Configurations on both sides and inside the BICN are compatible!
5.5.2
BSC to BSC Call via BICN with Intra GERAN Handover to AMR - EFR

Stable Call Situation long before the Handover:
UE A in the coverage area of a BSC connected via A interface to a MGW, called UE B, which is in the coverage area of a BSC connected via A interface to a different MGW. The call between the MGW’s is carried via the Nb interface connecting them. Both BSCs selected the FR_AMR Codec Type with Codec Configuration set 12 (10.2  6.7  5.9  4.75). The call is established using also FR_AMR on the Nb interface. TFO-TrFO-TFO interworking applies and end-to-end transcoding free operation is achieved. See Figure 5.1.2-1 "BSC to BSC Call via BICN".

This is so far exactly as described in the scenario 5.5.1 before.

Situation just before Handover:
One of the radio interfaces decides that another cell and also another Codec Type has to be used, e.g. for TRAU resource reasons an inter BTS handover has to be performed and the new Codec Type after handover will be EFR. 

The BSC allocates a new radio channel and a new TRAU device (in this example) and prepares the Handover-Handler.
The new BTS and new TRAU synchronise to each other and the new TRAU gets TFO_Frames from the distant TFO_Partner. It immediately discovers that a Codec Type Mismatch is given and does not enter the TFO Mode, but stays in PCM mode. The received PCM+TFO stream in downlink has some underlying slight white noise, but is well intelligible. Still the old speech path is intact and is working in TFO.

Situation just after Handover:
When the Handover Handler finally connects the new TRAU (with EFR) to the distant MGW (with AMR) the Codec Type mismatch forces the MGw to fall back to PCM on the A-Interface. The Nb-Interface remains in AMR, because the TC in the MGW starts immediately to ramp up the AMR Encoder. Only a few speech frames are disturbed in both directions. The main effect is most likely the jump in speech path delay by about 40ms in both directions.

Conclusion: 
Handovers in a TFO-TrFO-TFO connection between AMR (any type) and EFR (or any other non-compatible codec type) forces the local TFO-connection to fall back to PCM and forces the connected MGw to use additional Encoding. The speech path is only marginally interrupted, but the speech path delay increases and the voice quality decreases due to the additional transcoding. The DSP-usage increases substantially. The bandwidth saving on Nb is unaffected.
Problem: What does the MSC-S do, when it is notified by its MGW about the new TFO-Codec-List and the Codec Mismatch situation between BICN and this radio leg? Should it issue an In-Call-Modification on BICN to EFR? This would result in a less favourable constellation within the BICN (AMR is better and in average needs less bandwidth than EFR), with the transcoding just shifted to the other MGW and with identical speech quality.
If the MSC-S would have sent the full “Available Codec List” to its MGW and this would have offered it in the TFO-Negotiation, then the TFO Standard mandates that the MSC-S has to change the Codec Type on Nb. But would that not lead to a mismatch on the other radio leg? Would the other radio leg modify to EFR? No, AMR is always better on the radio leg, even when transcoding to EFR is to be taken into account (Note: This claim “AMR(multi-mode) on GERAN is always better than EFR, even if transcoding is required” can be derived from the TFO Decision rules in TS 28.062).
But maybe for that reason the MSC-S has not offered EFR as alternative in the TFO-Negotiation?
Then the other, distant MSC-S is not informed about the local mismatch. The “Selected Codec Type” on Nb remains AMR, the “Available Codec List” remains unaltered and contains (at least) AMR and PCM. It could/should contain also EFR, but this would not be consistent with the Codec List in TFO.
The real problem becomes visible in the next subsection.
5.5.3
BSC to BSC Call via BICN: second Handover to EFR – AMR – EFR

Let's assume the same call scenario, where the previous subsection ended, just after the first local handover on one side from FR_AMR to EFR, which brought the connection from the ideal end-to-end transcoding free AMR-AMR-AMR situation into EFR – PCM – AMR – AMR, with “one” transcoding.

Now the second radio interface performs a handover, also from FR_AMR to EFR. Again the same effects: the second A-Interface also falls out of TFO and back into PCM and a second transcoding stage is added.
The speech quality degrades further, the speech path delay increases and the DSP resource usage is on its worst: 
we have now:

 EFR                   – PCM –           AMR            – PCM – EFR





UE1 - GERAN1  -            -           BICN            -           - GERAN2 – UE2.
Problem1 : Although end-to-end transcoding free operation would be possible, it is not established, because the Core Network still runs AMR – and AMR is not compatible to EFR.

Standardised Procedure in TrFO stage 2: 
An In-Call-Modification would be necessary within the BICN! But it is not performed!
Both MGWs, one after the other, have got the new TFO-Codec-Lists from their inband TFO-Protocols and have reported that up to their MSC-Ss. But both MSC-Ss, one after the other, have concluded that AMR in the BICN is still better than EFR, but they have no means to communicate this to the other partner. So both MSC-Ss “believe” to have the best possible local constellation and do not see the global optimum.
Potential Solution: The Codec List negotiation in BICC/OoBTC must get means to differentiate between Codec Types that are really used on the radio leg (call that “direct” Codec Types, here the EFR, FR_AMR, HR_AMR) and the Codec Types that are just “supported” by the MGW (here maybe EFR, FR_AMR, HR_AMR, UMTS_AMR, UMTS_AMR_2, OHR_AMR, FR_AMR-WB, PCM).

With that mechanism in place the first MSC-S could have sent an updated codec list (better to say: two updated codec list), where the AMR moved from the “direct” codec list into the “supported” codec list and the EFR is now in the “direct” codec list. The “Selected Codec Type” (for the BICN) would have remained unaltered.

Later, after the second handover, the second MCS-S would have understood that EFR is now the best choice for BICN, because it is now in both “direct” Codec Lists. It would have sent EFR as “Selected Codec Type” and also as its “direct” Codec Type, while AMR would be listed in the “supported” Codec List only.
Any handover back to AMR would immediately change the BICN back to AMR – which is optimal. EFR would only be used in the BICN, if it would be used on both radio legs simultaneously.
Without detailed discussion here: It is most likely necessary/helpful, that also in the TFO-Protocol two separate Codec Lists are introduced. This is especially important, when TFO is used on the TDM-interface between two BICNs (see figure 4.4-1).

It is proposed that CN and SA4 discuss these problems and develop an enhanced solution, with two separate Codec Lists in OoBTC and TFO.

5.5.4
RNC to RNC Call via BICN with Inter-System Handover

Let's assume the call is established ideally transcoding free between two RNCs with UMTS_AMR_2 in Codec Configuration set 14 (12.2  7.4   5.9  4.75). The call provides optimal narrowband speech quality with lowest DSP usage at minimal bandwidth within the BICN: very good.
Let’s introduce a short notation “UMTS_AMR_2(14)” to define codec type and configuration (in brackets).

For this scenario the call looks then like: 
 UMTS_AMR_2(14) - UMTS_AMR_2(14) - UMTS_AMR_2(14).












 UE1 - UTRAN1       -            BICN            -  UTRAN2 – UE2
The “Selected Codec Type” is UMTS_AMR_2(14), of course. The “Available Codec List”, as negotiated at call setup, contains exactly this codec type as well (plus PCM), because UE and UTRAN do not support anything else (in this example). Good, so far.
Note: we assume that the MGWs in the BICN support all UTRAN and GERAN Codec types, but that does not matter here. The current TrFO standard defines that only codecs that are supported in UE plus radio leg plus MGW can be included in the codec negotiation. And this is only UMTS_AMR_2(14). 
One exception: PCM is always included as well as a candidate for the BICN (not for the radio legs!).
Now one radio leg performs an inter-system handover to GERAN and the new Codec Type here is FR_AMR with Codec Configuration set 12 (10.2   6.7  5.9  4.75): FR_AMR(12). TFO between the new TRAU and the MGW is tested, but not established due to incompatible codec configurations. The TRAU transcodes FR_AMR to PCM; the MGW transcodes PCM to UMTS_AMR_2. 
Now the call looks like: 


FR_AMR(12)     – PCM – UMTS_AMR_2(14) - UMTS_AMR_2(14).






 


UE1 - GERAN1  -            -           BICN            -  UTRAN2 – UE2
This results in a waste of DSP resources and an audible loss in speech quality. The bandwidth on the Nb interface is still minimal.
Problem 1: Why was in GERAN not FR_AMR with Codec Configuration set 14 selected? 
Well, set 12 is the default, standardised set for the FR_AMR; it provides overall the best compromise for GERAN. 
And: how should the MSC-S tell the BSC, which configuration to use? The signalling between MSC and BSC does only carry the codec type, but not the configuration.
Conclusion 1: either the AMR configurations on UTRAN and GERAN are harmonised (see chapter 7.1), or the codec configuration is included on the MSC-BSC signalling link. Ideally both improvements should be incorporated into the standards.
Problem 2: What is now the “Selected Codec Type”? What is in the “Available Codec List”?
Should the MSC-S restart ”Codec Type Negotiation”? What would be the result? 
Well, according to the present TrFO standard the “left” MSC-S can only include FR_AMR(12) in the OoBTC Codec List, but the “right” MSC-S can only offer UMTS_AMR_2(14), both are not compatible and the result would be: PCM in the BICN: 



FR_AMR(12)      – PCM  –           PCM          – UMTS_AMR_2(14)




 


UE1 - GERAN1  –            –           BICN          –  UTRAN2 – UE2.
The speech quality would be identical to the one described above, but the bandwidth in the BICN is now 64kbit/s; the DSP usage is identical, although now in another MGW. This is not at all a reasonable result, or?

Conclusion 2: The OoBTC negotiation does not handle this case optimally. The Codec List handling should be improved. As proposed above two separate Codec Lists (“direct” codecs and “supported” codecs) could solve the problem.
For this call case we could still say: O.K. why does the MSC-S restart negotiation? If it would just be quiet, then the call path is not optimal, but at least better than after negotiation. But see the next example!
5.5.5
BSC to RNC Call via BICN with second Inter-System Handover

Let’s continue with the call scenario of the previous section: 
FR_AMR(12) – PCM –  UMTS_AMR_2(14) - UMTS_AMR_2(14). 
No codec negotiation was performed, otherwise – see above – we would have PCM in the BICN.
Now also the second radio leg performs an inter-system handover from UTRAN to GERAN and to FR_AMR(12).
Then the call looks like: 

FR_AMR(12)      –  PCM – UMTS_AMR_2(14) –  PCM –  FR_AMR(12)




 



UE1 - GERAN1  –            –             BICN           –            –  GERAN2 – UE2.
Since the second MSC-S follows the same principle as the first one, it does also not start codec negotiation and both have now a completely wrong picture of the call scenario. We get a remarkable loss in quality, and a substantial DSP load, although we can easily see how the solution should be: FR_AMR(12) - FR_AMR(12) - FR_AMR(12), or FR_AMR(12) - UMTS_AMR_2(12) - FR_AMR(12), which is equivalent in these cases.
Conclusion: The OoBTC negotiation does not handle this case optimal. The Codec List handling must be improved.

Note: with the proposed Harmonisation of AMR Configurations in place: all call combinations with AMR in GERAN and UTRAN and BICN would always be compatible. No transcoding, not renegotiation, no in-call-modifications would be necessary, resulting in best possible speech quality, with minimal DSP usage, minimal delay and minimal bandwidth. 
But this result should not lead to the conclusion that the Codec List handling in OoBTC can stay as is! We have to consider the other codec types as well, especially AMR-WB and all potential future codec types.
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