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Introduction

At GERAN#35 a new  3GPP R8 Feature Study Item “A Interface over IP” (GP-071562) was approved (see GP-071562). The WID asks for studying impacts on the architecture, including the possibility to move the transcoder from GERAN into the core network. The placement of the transcoder inside the Core Network allows much better control and enables new possibilities for true end-to-end transcoding free operation.

This paper outlines the current status of Codec Negotiation by OoBTC/BICC (see [6]) and OoBTC/SIP/SDP (see [7]). It identifies the advantages, but also some deficits of the current approach and proposes some enhancements. These enhancements should allow the BSC to participate in the end-to-end Codec negotiation in the earliest possible point in time, in order to optimize transcoding free operation even under varying resource situations, i.e. temporal and local overload.
These enhancements are beneficial also for networks based on the legacy A interface, but provide most benefits for networks utilizing the new A interface over IP.
The following chapters are written with the intention to include them after discussion into the TR under chapter 6.3
2
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3.3
Abbreviations

AoIP

A-Interface over IP

AoTDM
A-Interface over TDM

MS-SCL
Mobile Station – Supported Codec List

BSS-SCL
BSS – Supported Codec List

MGW-SCL
MGW – Supported Codec List
PCL

(MSC-) Preferred Codec List
SCVL

Speech Coder Version List

SCL

(MSC-) Supported Codec List

6.3
Codec Negotiation at Call Setup
6.3.1
Current Status of Codec Negotiation in 3GPP
Figure 6.3.1-1 shows a schematic network architecture for a long distance MS-to-MS call.

The interfaces between GERAN and the Core Network are based on TDM, with PCM as the primary Codec on this A-interface, but with TFO for potentially transcoding free operation. The MGWs provide TFO/TrFO Interworking, which allows to transport compressed speech on the Nb interface. The Nb interface is based on IP transport.
User Plane

If everything fits well for a given call, i.e. the selected RAN1-Codec between MS1 and BSC1 (RAN1-SC) is compatible to the Selected Codec on Nb (SC) and further compatible to the selected RAN2-Codec between BSC2 and MS2 (RAN2-SC), then end-to-end transcoding free operation is achieved. The speech quality is optimal, the bandwidth usage on Nb is minimal. Very good.
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Figure 6.3.1-1: Schematic for a long distance MS-MS Call


The blue and blue/yellow coloured dots indicate the Codec and Transcoder locations
Control Plane

Assume a call setup from MS1 to MS2. After radio synchronisation MS1 sends a DTAP message transparently through BSC1 to MSC1 requesting the setup of a voice call to MS2. 
MS1 includes in this Setup Request its Supported Codec List, i.e. it lists all Codec Types it is able to support for this radio interface, called here “MS-SCL”. MSC1 knows by hand-administration, which Codec Types and Codec Configurations BSC1 supports (BSC-SCL). MSC1 knows further by hand administration (or other means), which Codec Types and Configurations MGW1 supports (MGW-SCL). Based on these three Codec Lists MSC1 constructs its Codec Offer for Codec Negotiation towards MSC2.

In OoBTC/BICC this Offer is called “Supported Codec List” (SCL), in OoBTC/SIP/SDP this offer is send in SIP-Invite. The differences are not important here.

Codecs that are supported by MS1, BSC1 and MGW1 are placed on top of the offer (SCL1), because these provide the chance for operation without transcoding between Nb and Uu1. Of course this is only possible for Codecs, which are in addition supported by TFO in BSC1 and MGW1. For reasons not discussed here MSC1 adds PCM to this Offer (fallback) and potentially more Codecs, which are supported by MGW1, but either not by MS1 or not by BSC1 or not by TFO. These additional Codecs could be selected for Nb, but would require transcoding in MGW1.
When this SCL1 from MSC1 reaches MSC2, then MSC2 builds a similar SCL2 for the terminating side, considering the Codecs from MS2, BSC2 and MGW2 in very much the same way. Finally MSC2 determines the Codec for Nb and the preferred Codec for RAN2. Ideally these two Codecs, SC and RAN2-SC are compatible and supported by TFO, so no transcoding is – theoretically – necessary between Nb and Uu2.

MSC2 then sends the SC back to MSC1 and there the preferred Codec for RAN1 is determined. Ideally these two Codecs, SC and RAN1-SC are compatible and supported by TFO, so also here no transcoding – theoretically. So far so good.
Now the big problem: Although MSC1 knows by hand-administration, which Codecs BSC1 supports (with and without TFO), it has no insight into the temporal and local load situation inside GERAN1. Also the transcoder resource situation inside GERAN1 is not known. MSC1 sends therefore in the following Assignment Request not only the preferred RAN1-SC, but more (all) Codecs that MS1 supports to BSC1 in the so called Speech Coder Version List (SCVL1). 
BSC1 is allowed to select another Codec than the preferred one, if the actual resource situation should require this. Exactly the same problem occurs at the other side between MSC2 and BSC2. In the worst case it could happen that both BSCs select other Codecs and the speech path contains in total five Codecs in tandem, with four transcodings on the path. The bandwidth efficiency on Nb is preserved, but the voice quality is not at all optimal and transcoder resources are wasted. Luckily this happens not too often, but only in overload situations. 

Another problem becomes obvious here: in case this hand-administered BSC-SCL inside the MSC is wrongly configured, e.g. a Codec is falsely declared as TFO-supported by BSC, then the Codec Negotiation may permanently try to use this Codec end-to-end and selects it for Nb, but the subsequent Assignment Request always ends with another Codec for the air interface. It may take quite a while, until this error is detected, because the call setup does never fail, just the speech quality is not as expected.

The third problem: The MSC negotiate the Codec Type (e.g. FR_AMR) and the Codec Configuration, e.g. Set 1 = {12.2 – 7.4 – 5.9 – 4.75}, but the A-Interface signalling provides no means to send this AMR-Configuration down to the BSC. Only careful hand-administration can ensure that the MSC selects only the AMR-Configuration that the BSC supports also. An error here would also lead to TFO failure, but the call setup would succeed: an error that is hard to detect.

6.3.2
Motivation for true end-to-end Codec Negotiation
An optimal end-to-end Codec Negotiation shall obviously take potential, temporal or local shortages in the originating and/or terminating RAN into account BEFORE the Codecs are selected. 

MSC1 must know before it sends its Offer towards MSC2, which Codecs are really supported by BSC1 for this very specific call in this very specific moment and MSC2 must know before it determines SC and RAN2-SC, which Codecs are really supported by BSC2.

If the Codec Negotiation would take this exact, timely and locally precise information into account for each individual call setup, then the subsequent Assignment Requests would with very high likelihood end up with the preferred RAN Codecs really selected in both radio access networks.

Of course there is a small chance that the resource situation changes during the short negotiation phase. This is not very likely and depends very much on the “skills” of the BSC to predict its own resource situation for this call. These skills are implementation dependent and not discussed here.

And of course the resource situation may change during the call and may force the BSC to handover to another Codec Type. But also this depends on the skills of the BSC implementation.

It seems feasible to achieve a (very) high success rate at call setup and a decent success rate during the calls. In any case far better than today (under heavy network load).

Anyway: the fall back possibility for the BSC must be kept, that is obvious.

But how to achieve that? How can the BSC inform the MSC at call setup about potential shortages?
From various possible solutions the following two are proposed here for discussion:

1) BSC pushes its BSC-SCL at call setup to the MSC
The BSC shall sends its actual “BSC Supported Codec List” (BSC-SCL) in the first Layer 3 Message that contains the DTAP from the MS for Setup Request to the MSC. This would require an additional new Information Element (see below and in other chapters).
This method works in “95%” of all normal call setups well.

The BSC shall predict to its best possible knowledge at this point in time for this specific call, which Codec Types and Configuration could be used in this specific cell area. The BSC shall not include Codec Types in this BSC-SCL that are currently not available (or mark them accordingly by other means).

Note: The BSC does not “see” the Setup Request from the MS, but it transfers “only” the DTAP Messages in a L3 container to the MSC. So it has to “guess” when the BSC-SCL is necessary. Maybe it will send it too often, but the additional effort should not be very high.


2) The MSC pulls the BSC-SCL at call setup from the BSC
The MSC, when receiving the Setup Request from the MS without the additional BSC-SCL, pulls the call-related BSC-SCL by a newly defined BSSMAP exchange from the BSC.
This method covers the remaining “5%” of all call setups. This method could be used also for other applications, not discussed here.

Note the BSC-SCL should be as precise as possible for the specific call. More or less strong deviations from this ideal solution are feasible, degrading more or less the overall performance. The exact algorithm shall be implementation specific. In any case this additional BSC-SCL should provide significant improvements.
The advantages have been discussed already above:
The Offer from MSC1 would be precise for the very specific call.
The Codec Selection in MSC2 would be precise for the very specific call.

The hand-administration of Codec Types inside the MSC for each BSC would be obsolete. 
Upgrades of the BSC with respect to new Codecs would be known to the MSC automatically.

The AMR Codec Configurations would automatically be aligned between BSC and MSC.

The exact Codec Selection has especially for A over IP substantial advantages, since the Transcoder, if moved from GERAN into the Core Network, is controlled by the MSC and not longer by the BSC. Mis-alignments between MSC and BSC should be avoided as much as possible to minimize the need for modifications of the MGW settings after Assignment Complete. This includes the Codec Type and the Codec Configuration.
6.3.3 Impacts on the A Interface Control Plane
6.3.3.1 New Information Element: BSC-SCL
As described in the previous chapter a new Information Element must be defined to transfer the BSC-SCL from the BSC to the MSC. This IE can the be used both ways, for the push and the pull solution (see above).

This BSC-SCL IE may be constructed exactly like the SCL between MSC1 and MSC2, see for example TS 26.103 [5]. 

For the legacy A interface via TDM, i.e. PCM plus potentially embedded TFO, the BSC must differentiate between Codecs (and their Configuration) that are supported by TFO and Codecs that are not supported by TFO. Only Codecs supported by TFO are candidates for true end-to-end transcoding free operation. This could e.g. be done by separating the Codec List in two parts and PCM could be one possible separator:
a) Codec in GERAN, with PCM with TFO on AoTDM
b) Codec in GERAN, with PCM without TFO on AoTDM
For the envisaged A over IP interface, where the Codecs may reside in GERAN, but may also be moved to the Core Network, the BSC should further differentiate:

a) Codec not in GERAN, compressed speech on AoIP.
b) Codec      in GERAN, with PCM with       TFO on AoIP
c) Codec      in GERAN, with PCM without  TFO on AoIP
d) Codec      in GERAN, with PCM with      TFO on AoTDM
e) Codec      in GERAN, with PCM without TFO on AoTDM

For the end-to-end Codec Negotiation it is only necessary for the MSC to know, which BSC Codecs are candidates for transcoding free operation, i.e. the ones in classes a, b and d above.

The indication on TDM or IP is necessary to determine the transcoder location and the interface type, see below.

6.3.3.2 Pull Mechanism for the BSC-SCL

The MSC should be able to pull the actual precise BSC-SCL for the specific call.

An new procedure with request form the MSC and Acknowledgment form the BSC needs to be specified.


6.3.3.3 Extension of the Speech Codec Version List

In order to allow the MSC to inform the BSC about the preferred RAN-Codec and its precise Configuration (in case of AMR and AMR-WB) the SCVL needs an extension to carry the selected Configuration.
.
Or, alternatively, a new “Preferred Codec List” (PCL) IE may be defined, which could be constructed exactly like the SCL in BICC, see again TS 26.103 [5]. 

This PCL IE may contain additional elements to allow the negotiation of the transcoder location and the selection of the interface type (TDM or IP) between MSC and BSC, see other chapter.

6.3.4
Example Message Sequence for Call Setup

Figure 6.3.4-1 shows a schematic network architecture for a long distance MS-to-MS call.

The interfaces between GERAN and the Core Network are based on IP, with compressed speech for potentially transcoding free operation. The MGWs provide Interworking, which allows to transport compressed speech on the Nb interface. The Nb interface is based on IP transport.
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Figure 6.3.4-1: Schematic for a long distance MS-MS Call


The blue coloured dots indicate the Codec locations
The following schematic call flow for the successful cal setup shows only the most important messages, with the new elements added in red colour.
Due to the fact that BSC1 and BSC2 report their actual Supported Codec Lists to the MSCs the Codec Negotiation is to a high success rate end-to-end optimal. The Assignment Requests on both radio interfaces end up with the preferred RAN-SCs really chosen and used by the BSCs.
End to end transcoding free operation is achieved in the fastest and most reliable way.

Please note: not all details are shown, the call flow assumes that both BSCs offer AoIP for the most interesting Codecs (e.g. EFR, AMR-NB and AMR-WB) and the terminals offer enough common Codecs. Ideally the call is setup in AMR-WB.
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Figure 6.3.4-2: Schematic  call setup message flow for a long distance MS-MS Call


The red parts mark the new BSC-SCL and its influence
Conclusion

This paper discusses true end-to-end Codec Negotiation with focus on, but not exclusively for the new A interface User Plane over IP.
It is proposed to include above chapter 6.3 into the TR.



























































































































1(8)

_1251139989.doc


Mc







Nc







Uu







Abis







A1







Nb







MSC�2







MSC�1







MS�1







BTS�1







MGW�2







MGW�1







BSC�1







A2







BSC�2







Abis







BTS�2







Uu







MS�2







Mc







SC







RAN1-SC







RAN2-SC












_1251202127.doc


MGW2 sends its IP Addresses (Nb and A2) back







MSC2 sends SC and RANC2-SC to MGW2











Call Confirmed with MS2-SCL; BSC2 adds BSC2-SCL







Some Radio related signalling for Setup











  BSC 2 starts paging and responds after a while







MSC 1 sends Supported Codec List to MSC 2







Some Radio related signalling: MS1-SCL











MS1 sends Setup Request; BSC1 adds BSC1-SCL 







MS1 accesses BTS1







User presses „dial“











User 2







User 1







Mc2







Mc1







Nc







A2







A1







Nb







Abis2







Abis1







Assignment Complete with RAN1-SC (most likely)







MS2







B2







BSC2







MGW2







MGW1







MSC2







MSC1







BSC1







B1







MS1







MSC2 sends  Answer with SC and IP Address (Nb)  to MSC1







MSC1 sends SC and RAN1-SC and IP Address (Nb) to MGW1







Assignment Request with RAN1-SC(Config) (+other Codecs)







Continuity Message







Assignment Request with RAN2-SC(Config) (+ other Codecs)







MS2 reports: Alerting !







User 2 hears ringing







MSC 2 reports: Alerting !







MSC 1 reports: Alerting !







MS 1 shows �     alerting







MSC2 to MGW2: generate ring back tone







User 1 hears the ring back tone, generated inMGW 2







MGW2 generates ring back tone







User 2 accepts







MS 2 reports Connect







MSC2 reports:Connected !







MSC2 to MGW2: stop tone, connect







MSC1 to MGW1: connect bothway







MSC 1 reports: Connected !































MSC2 builds internal SCL2, based on�MS2-SCL, BSC2-SCL, MGW2-SCL�and determines SC and RAN2-SC















Assignment Complete with RAN2-SC (most likely)















Full duplex voice communication without transcoding



























MS 1 shows �  connected























MSC1 determines RAN1-SC







MGW1 sends its IP Addresses (A1) back











MSC1 builds Offer (SCL1), based on�MS1-SCL, BSC1-SCL, MGW1-SCL












_1251132729.doc


Mc







Nc







Uu







Abis







A1







Nb







MSC�2







MSC�1







MS�1







BTS�1







MGW�2







MGW�1







BSC�1







A2







BSC�2







Abis







BTS�2







Uu







MS�2







Mc







SC







RAN1-SC







RAN2-SC












