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1  Introduction

During an earlier GERAN meeting it was decided to add the Iu-cs interface to the GERAN reference architecture [1], because the combination of Iu-cs and Iu-ps would allow to re-use the multiplexing between CS and PS user data and signalling data streams already specified for UTRAN, while avoiding the need for a protocol interworking as in case of a mixed A/Iu-ps mode [2]. However, it should be taken into account that the protocols for the Iu interface, RANAP and Iu user plane protocol, were tailor-made for the specific requirements of UTRAN and for the special architectural functional split between core network and UTRAN.

A first consequence of the UTRAN specific requirements is that the current versions of RANAP and Iu UP protocol do not support any of the GSM legacy codecs FR, EFR or HR. At an earlier GERAN meeting some delegations requested to add support of these codecs to the GERAN Iu mode because it was considered as a necessary condition that GERAN speech services can be supported by legacy transceivers already deployed in existing networks.

The purpose of this contribution is to show that the support of GSM legacy transceivers is not just a matter of introducing codec specific frame formats to the Iu user plane. Especially, if the transceiver within a network or even within a BTS have different capabilities, there will be some additional problems caused by the usage of the Iu interface protocols.

2  Issues with the support of legacy transceivers in GERAN Iu mode

How can we characterise the functional split for which the Iu interface protocols RANAP and Iu user plane protocol were designed?

In UMTS, the speech transcoder is controlled by the core network. It may be located in the anchor or target MSC or, from Rel-4 onwards, also in a PSTN gateway deep inside the core network. During RAB assignment or relocation the MSC asks the RNC for a radio access bearer whose QoS is quite specific to the requested service  (which in our case is speech, further characterised by the type of speech transcoder and maybe by the requested codec modes). This is only possible because the UTRAN is so flexible that in principle it can provide any QoS the core network is asking for. The UTRAN is not aware of the type of service which has been negotiated between the UE and the MSC, it only knows the QoS of the radio access bearer which was requested by the CN and derives the necessary QoS for the radio bearer from this information. The channel coding which is applied by the Node B is generic, there is no codec specific channel coding specified by the 3GPP standard. Because of these characteristics new codecs can be introduced easily. From the UTRAN’s point of view only a change of the data rates of some radio and radio access bearers  is required. 

In contrast to the UTRAN, in GERAN A/Gb mode the transcoder is controlled by the BSC. The radio access bearer at the A interface is service unspecific (64 kbit/s). The BSC is service-aware and derives the radio bearer attributes from the service requested by the core network in the BSSMAP information element Channel Type. The type of service is also signalled down to the BTS, because the BTS applies a codec specific channel coding.

Now here is the point: The BTS will apply the same codec specific channel coding independent of A/Gb or Iu mode, thus in GERAN Iu mode the BSC and the BTS also need to know the service as in A/Gb mode. There are two issues caused by this:

i)  The current version of RANAP does not support the transport of service-related information.

Information like the codec type is not included in the RANAP protocol. This was a deliberate decision by RAN3, taken after long discussions between RAN2, RAN3 and CN1 about the codec negotiation in UMTS and made with the intention to design the UTRAN as flexible as possible by keeping it service-unaware. Any proposal to enhance the RANAP should take this into consideration and should be developed in close contact with RAN3.

Generally it should be avoided that the principles for the functional split between radio access network and core network are given up in case that the 3G interface is used to connect 2G with 3G equipment, specifically as the  transcoder is controlled also in this case by the core network. As a possible compromise one could imagine that all GERAN-specific enhancements to RANAP are transported in ‘containers’ whose contents is invisible for the basic RANAP protocol [3]. 

Note 1: It was proposed during earlier discussions to avoid the addition of a new parameter codec type to the RANAP and instead to derive the codec type from the format of RAB sub-flow combinations negotiated at the Iu-cs interface. This was already subject of liaison statements between the TrFO/TFO Workshop and SA4. SA4 clarified that although such a mapping would work at present, they cannot guarantee that in future it will always be possible to uniquely derive the codec type from the RAB sub-flow combinations.

Note 2:  Although the RANAP does not transport the codec type, it transports some codec-related information in the NAS Sync Indicator, which is relayed transparently by the UTRAN to the UE. At present, there is a one-to-one mapping between the codec type and the value of the NAS Sync Indicator, however CN1 was granted only a  limited range of 16 different values by RAN2. Once that more than 16 different codec types have been standardised (and looking at the speed at which SA4 and GERAN are introducing new codec types, this day may come very soon), CN1 intends to negotiate the mapping between codec type and NAS Sync Indicator during call setup. This negotiation will be performed on call control level and therefore will be invisible for the GERAN.

ii)  If the capabilities of transceivers in different BTSes are not the same, the MSC needs to know in advance which BTS will support which channel coding. And, even worse, if the capabilities of transceivers inside the BTS are not the same, the MSC also needs to know which transceivers are currently busy and which not.

Note:  Although in this contribution we are concentrating on speech services, a similar problem exists also for the data services: e.g. the parameters Acceptable Channel Codings and Channel Coding Asymmetry Indication which in A/Gb mode are signalled with the BSSMAP parameter Channel Type need to be added to the RANAP. – These parameters are rather QoS than service related, therefore such an enhancement should be acceptable to RAN3. However, when the MSC selects the QoS for the radio access bearer it should know in advance 

· which channel codings are acceptable to the BTS (i.e. whether the BTS supports 8PSK or just GMSK modulation), and 

· whether the BTS supports asymmetric channel coding (e.g. GMSK in the uplink and 8PSK in the downlink).

Furthermore, under bad radio conditions 8PSK modulation may not be applicable although in principle it is supported by the transceiver. It needs to be studied how such a scenario works out in GERAN Iu mode.

3  Discussion of possible solutions

Three different solutions will be studied in this section:

a) the BTS transceiver capabilities are stored in a database in the MSC,

b) introduction of a GERAN service classmark, and

c) introduction of a transceiver negotiation procedure.

All three solutions have in common that a codec type or another service related parameter has to be added to existing RANAP messages or, in case c) to the messages of a new RANAP procedure.

Note: A fourth possibility would be to move the transcoder control from the MSC to the BSC, still using the Iu interface. However this would not solve the problem, because still the necessary parameters are missing in the RANAP protocol, and the MSC would need to know in advance which codec will be selected by the BSC so that the MSC can request for a radio access bearer with the appropriate QoS.

3.1  The BTS transceiver capabilities are stored in a database in the MSC

Storing an image of the BTS transceiver capabilities in the MSC is very inconvenient from the operators’ point of view and would mean a violation of the basic architectural principle of separation between radio and network subsystem. Furthermore, if the capabilities of different transceivers inside a BTS are allowed to be different, the MSC would need to keep a topical image of the status of each transceiver. Therefore this solution does not appear to be acceptable at all.

3.2 Introduction of a GERAN service classmark

This solution is similar to a), however in this case the information about the BTS transceiver capabilities is not stored statically in the MSC, but is provided during the signalling connection establishment with a new parameter, GERAN Service Classmark, in the RANAP message Initial UE and updated at every BSC internal handover with the RANAP message Location Report. Furthermore, in case of an BSC external handover the BTS transceiver capabilities of the target cell have to be provided with the Relocation Required message or, in case of an A/Gb->Iu mode handover, with the Handover Required message. 

Although this solution is more flexible than a), it still requires that the capabilities indicated by the BSC are really available when the MSC wishes to allocate the respective transceiver. Under heavy load conditions the availability may change fast, and in case of handover a BSC usually does not know whether the transceivers of a BTS controlled by a neighbour BSC are free or busy; therefore, for solution b) it is a precondition that the GERAN may indicate in the GERAN Service Classmark only capabilities which it can guarantee to support on request. This does not mean that all transceivers in the BTS need to have exactly the same capabilities, e.g. under certain conditions it is possible that only part of the transceivers support 8PSK modulation (see Annex A).

3.3  Introduction of a codec negotiation procedure

For this solution, a new RANAP procedure is introduced which can be used to negotiate and reserve a transceiver for a certain speech codec. The MSC has to execute this procedure each time before a RAB Assignment Request or Relocaton Request is sent to a BSC. The main problem with this proposal is that it requires an additional  dialogue step during the time critical handover procedure, and this additional delay may cause an increase in the handover failure rate which is hard to estimate in advance. The delay will be especially critical in case of an inter-MSC handover when the procedure has to be executed via the E interface.

Furthermore, for the setup of a speech call with transcoder free operation, a variant of this procedure will be needed: during the codec negotiation inside the core network, the originating MSC informs the terminating MSC (or PSTN-gateway) via BICC signalling about the codec types which are supported by both the ME and the network on the originating side. From this list the terminating MSC then selects one codec which is supported by both the ME and the network on the terminating side and informs the originating MSC about its choice. If the originating MSC is not able to allocate this codec because the required transceiver is not available, the call setup will fail. Therefore, the transceiver negotiation on the originating side has to take place before the BICC signalling is started. However, it would not be wise to negotiate and reserve just one codec type on the originating side, because this would reduce the probability for a successful TrFO establishment. The originating MSC would rather negotiate and reserve the whole list of codecs before it is sent to the terminating MSC. When the answer from the terminating MSC has been received, the reservation for the codecs which are not needed is cancelled implicitly. An obvious disadvantage of this procedure is that it may block one or more additional transceivers for a short period of time during call setup, and that in case the codec has to be changed in a later phase of the call it cannot be guaranteed that this codec is still available for the originating MSC. It needs to be studied in more detail whether a codec negotiation procedure is compatible with all the message flows specified for transcoder free operation [4].

A further possibility would be to combine solution b) and c): if in solution b) a re-negotiation becomes necessary, because a certain transceiver in the BTS is busy, the BSC returns a RAB Assignment Response (establishment failure) message or a Relocation Failure message indicating which codecs are currently available. The BSC would then reserve the corresponding transceiver(s) for a short period of time so that the MSC can send a second  RAB Assignment Request or Relocation Request. Such a ‘patchwork’ solution could somewhat reduce the danger of a call drop during handover, if the re-negotiation is necessary in exceptional cases only. However, the inter-working with transcoder free operation remains problematic.

4  Additional issues caused by a handover with codec change

In a network with an inhomogeneous distribution of transceiver capabilities, a change of the codec type may be required even during a BSC internal handover, because either the target BTS is not equipped with the required transceiver, or the required transceiver is already busy. In such a case the Iu user plane has to be re-initialized, as new RAB sub-flow combinations have to be negotiated between MSC and BSC. Therefore, any handover with codec change has to be executed as a BSC external handover and thus generates additional signalling load at the Iu interface.

In a network environment in which codec changes during handover happen frequently, transcoder free operation will be for practical reasons not applicable, because it either causes inconvenient bearer re-configurations inside the core network or it may result in configurations with transcoding in both the originating and the terminating MSC, if a codec change has to performed at both ends. 

5  Conclusion

The network architectures for GERAN and UMTS are different with respect to the function split between radio access network and core network. Therefore, the use of the Iu interface, which was defined as the UTRAN-core network interface, has serious consequences.

This contribution raised some of the issues that will occur for the Iu mode of a GERAN network in which legacy transceivers with different capabilities have been deployed. If we compare the GERAN with the UTRAN, the essential difference seems to be that in case of the UTRAN, the MSC can be sure to get what it requested from the RNC, without the need for a pre-negotiation or pre-reservation. 

No simple solution could be presented for the GERAN case. Both proposal b) and c) in section 3 have draw-backs, and especially alternative c) needs to be studied in more detail, before it can be considered as feasible. The overall impression is that it will be difficult to achieve an acceptable ‘grade of service’ for the signalling at the Iu interface and the interworking with transcoder free operation, unless a change of the codec type due to the lack of appropriate transceiver resources remains an exceptional case. A proposal how this latter requirement can be reconciled with a gradual roll out of 8PSK-capable transceivers is given in Annex A.
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Annex A

In the following we will assume that solution b) is chosen and study the consequences of the requirement that for a certain cell the GERAN may indicate to the MSC in the GERAN Service Classmark only transceiver capabilities which it can guarantee to support on request. 

A.1  The transceivers support only GMSK channel coding for speech

In this case, if the BSC indicates in the GERAN Service Classmark that a certain speech codec is supported in the cell, the speech codec must be supported by every single transceiver. In the worst case only FR speech can be indicated.

A.2  Some of the transceivers support 8PSK channel coding for speech

TSG GERAN is currently working on the specification of 8PSK channel codings for the existing speech codecs, i.e. they are specifying how the bit stream produced by the speech codec (the ‘source coding’) is processed and mapped to the bit stream sent via the radio interface. 

Note that the the RAB sub-flow combinations, i.e. the QoS requested by the MSC at the Iu-cs interface, only specify a certain ‘source coding’, but not the channel coding (GMSK or 8PSK). It remains the task of the BSC to select the channel coding, taking into account the capabilities of the MS.
If we can take it for granted that an MS supporting a certain codec type for 8PSK channel coding will support the same codec type also for GMSK channel coding the following conditions for inclusion of a codec type in the GERAN Service Classmark can be established:
1) A speech codec for GMSK channel coding can be included in the GERAN Service Classmark if it is supported by every transceiver.

2) A speech codec for 8PSK channel coding can be included, if the same codec can be included for GMSK channel coding (i.e. if the same speech codec for GMSK channel coding is supported by every transceiver).

For example if a BTS is equipped with the following two types of transceivers:

TRX1:  GMSK: (FR,          AMR_FR)

TRX2:  GMSK: (FR, EFR, AMR_FR), 8PSK: (AMR_FR),

it can indicate to the MSC support of GMSK: (FR, AMR_FR) and 8PSK: (AMR_FR). Even if all transceivers of one type are busy, AMR_FR can still be provided by the other type – in some cases only with GMSK channel coding, in some cases also with 8PSK channel coding. In this way it is possible to gradually add 8PSK-capable transceivers to the network.

If the capabilities of TRX1 are more limited, e.g. if the BTS is equipped with the following types of transceivers:

TRX1:  GMSK: (FR)

TRX2:  GMSK: (FR, EFR, AMR_FR), 8PSK: (AMR_FR),

it will not be allowed to indicate support of 8PSK: (AMR_FR), because if TRX2 is busy, then AMR_FR cannot be provided on request, neither with GMSK nor with 8PSK channel coding.

