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1. Introduction

All codecs haven’t the capacity to transport a fax or a modem signal transparently without distortion:

· Fax 

· Transparent codec: G711, G726 without VAD 32K (group 2 only) and 40K (group 2 and 3),

 (extract from ITU_T G726 (Annex I10) No degradation is to be expected when using 40 kbits/s ADPCM with Group 2 or Group 3 facsimile apparatus according to Recommendations T.3 or T.4 at rates up to 12 000 bit/s. Performance of Group 3 facsimile when using 40 kbits/s ADPCM at 14 400 bit/s is for further study. No serious degradation is to be expected when using 32 kbits/s ADPCM with Group 2 facsimile apparatus according to Recommendations T.3 or T.4 at rates up to 12 000 bit/s.).

· Non transparent codec: EFR family, AMR2, G729 A/B, G723.1, G726 other rates

· Modem 

· G711 is always transparent 

· For the others codec, the result is function of the speed of the modem (…/ V32/V32bis/V34/V90).
· For G726, (extract of ITU-T G726 annex I:
Recommendation V.21, V.22 bis, V.23 and V.26 ter, will not be subject to significant degradation over 32 kbits/s ADPCM links provided the numbers of such links do not exceed the limits of Recommendation G.113.

Voice band data performance at 4800 bit/s using, for example modems conforming to

Recommendation V.27 bis, can be accommodated with 32 kbits/s ADPCM but will be subject to additional degradations over and above that expected from standard 64 kbits/s PCM links. More care will need to be exercised in using such a service. Voice band data at speeds up to 12 000 bit/s can be accommodated by 40 kbits/s ADPCM. The performance of V.33 modems operating at 14 400 bit/s over 40 kbits/s ADPCM is for further study.

· For the other codecs: EFR, AMR2, G729 A/B, G723.1, G726 that are low rate codec it is supposed that they are not transparent.
In mobile networks, circuit switched data calls lead to engage modem/fax signals in the user plane of the PLMN.  Taken into account the constraints presented above, two cases are to be considered:

· The signal is transported transparently in the Network thanks to the codec characteristics. This case will be no more mentioned, as nothing has to be done. 

· The signal is transported with distortion in the user plane.

2. Discussion 

Several solutions exist allowing configuring a transparent codec for data call.

· At control level by the MSC server:

· Service identification:  To be able at call set-up to detect at signalling level that a data service is engaged and to force a G711 codec in the codec negotiation for all the transport path

· Codec re-negotiation: Detection after call set-up that a fax/modem call is engaged and codec re-negotiation in order to fallback to G711.  Two types of detection can be proposed:

· At control level via signalling information

· At transport level: The MGW monitors the user plane and detect that a fax or a modem call is engaged and notifies the MSC server with the event which engages a codec re-negotiation

However delay to perform the codec renegotiation could lead to unsuccessful modem equalization and to release the call abnormally.  

· At transport level by the MGW

ITU_T V.150.1 Modem-over-IP networks: Procedures for the end-to-end connection of V-series DCEs, and draft ITU-T V152 Procedures for supporting voice band data over IP network propose solutions to carry modem signal over IP:
· Voice band data mode (VDB):

For Voice Band Data (VBD) mode of operation, the path between MGW1 and MGW2 remains in a voice configuration. The modem signals are encoded using an appropriate speech codec suitable for the task, and the samples are transported across a packet network. At termination seizure in the MGW, the codecs to be used for voice mode and voice band data mode are provided by the MSC server to the MGW (see ITU-T V.152).  At each transcoder stage (G711 <-> codec), modem or fax signals are monitored and if detected, the MGW automatically switches from voice mode to voice band data mode selecting thus the appropriate codec. Detection is based on the recognition of the signals exchanged by the 2 fax/modems at call establishment. An option exists to carry the signals (CI, ANSam, CM, JM…see ITU-T V8/V25) allowing the starting of data transmission via dedicated RTP payload RFC2833. By default there are transported in band.

· Modem relay mode:

Modem Relay mode of operation is characterized by the termination of both the physical layer and error-correction functions at the gateway.

This procedure leads to terminate in the MGW, all types of modem involved in  PLMN networks : V.21, V.22, V.22bis, V.32, V.32bis, V.34 and  V.90 for data calls. Data information are carried on the IP networks in line with RFC2833. 

· Fax transport over IP (FoIP) is based on ITU-T recommendation T38.

As for modem relay over IP, the user plan law layer stacks are terminated in the MGW. V.21 V.27ter V.29 V.17 are to be terminated.
Networks where those solutions are applicable :

· Voice band data: VoP networks (IP and ATM)

· Modem relay over IP and FoIP T38 : VoIP networks

It has to be noted there are no solution at transport level  for a 3GPP PLMN as the Iu / Nb FP protocol via the RCFI management doesn’t authorize the MIX of G711 payload with AMR payload..

Service identification

Service identification is based on parameters carried in the signalling. In most of the cases, it is possible to identify the service in the different MGC involved in the path. However, for particular cases, it is impossible to do it especially for communication where the calling is located in the PSTN.

In ISUP, the fields TMR  (transmission medium requirement: Q1902.3) and USI (user service information: Q.1902.3/Q931) allow to identify the involved services: 

· TMR: Speech, 3,1 KHz audio, 64 K UDI 

· USI: The field contains the bearer capabilities of the involved services.

However, in some PSTN networks, ‘3,1 KHz audio’ is used to identify voice or data calls in case of POTS. POTS subscribers are unable to provide the data related to USI. USI is filled only by digital subscribers (ISDN or Mobile). Hence, it is impossible to know what is the involved service.  This means that in certain cases, it will be impossible at call set-up to select the appropriate codec.  

Successful service identification:

In the following scenarios, it is possible to identify a data call during the call set up, and thus to configure a transparent codec for the call (G.711):

· Mobile to mobile calls: TMR and USI are correctly handled, the MSC servers involved in the call are able to identify a data call during call set up.

· Mobile to PSTN calls (POTS or ISDN): The originating VMSC handles TMR and USI correctly. Hence, the MSC servers are able to identify a data call during call set up.   

· PSTN calls (POTS or ISDN) to mobile calls: Identification of a data call by the terminating VMSC is possible (through the PLMN_BC received from the called MS/UE), and thus a transparent codec can be forced during the call set up if the terminating VMSC is a NGN MSC. 
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Unsuccessful service identification: Those cases are encountered in case of PSTN POTS to mobile calls when the terminating VMSC is not a NGN MSC. As it is not in that case involved in the codec negotiation at call set-up, selecting the appropriate codec is impossible.

· Case 1: NGN Class 4 

This could be encountered in a network where a transit TDM stage has been replaced by a NGN transit level. In the class 4 transit, TMR = 3,1 KHz leads to propose a path in a compressed mode as no USI is available. One could propose to force G711 in that case but the result will be that all voice calls from the PSTN to the PLMN would be transported in G711 in the packet backbone (thus requiring high bandwidth). 

For configuration 1, another solution could be to introduce a function in all NGN/legacy G_MSC able to identify the services via the SRI procedure (sent routing information) with the HLR. On receipt of those data, the G_MSC would fill correctly the USI field in the IAM message.  The main drawback of this solution is that legacy GMSC/HLR would need to be modified to introduce this solution, which would require to be defined in 3GPP recommendations. Besides, no solution exists for the configuration 2.

Note: A recent evolution in 3GPP allows the VMSC for an outgoing call to sent back in the ISUP ANM message the bearer capabilities in the access transport parameter. However, this message is received after the codec negotiation in the NGN network. However, triggering a codec re-negotiation on this message could be possible.
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Class 4: Configuration 1
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Class 4: configuration 2

· Case 2: NGN GMSC

This case is very similar to case 1 configuration 1, introducing a function able to identify the service at HLR interrogation should be the only way to configure the proper codec and the USI. 
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3. Proposed solutions 

Service identification at control level allows the correct handling of the codec in most of the cases except the ones identified in the previous section. 

In the codec negotiation phase, the MSC server is in charge to select the appropriate codec with the data received from the BICC and ISUP signalling (TMR /USI) 

For scenario where service identification at control level is impossible, mechanisms must be introduced to solve this issue. If a mechanism is not introduced in the NE the consequence will be that data services will be in restriction when the calling is a PSTN subscriber and the terminating MSC is not NGN.

Several solutions are possible:

Solution 1: Service identification at G_MSC 

The G_MSC identifies the services (bearer capabilities) via the SRI procedure (sent routing information) with the HLR. On receipt of those data, the G_MSC would fill correctly the USI field in the IAM message. The USI is correctly filled and codec negotiation leads to negotiate an appropriate codec for the data calls.

Main drawbacks: function to be introduced in legacy HLR/G_MSC

Solution 2: Codec re-negotiation with detection at control level:

Detection that a data call is going to be engaged and codec re-negotiation procedure out of band for the selection of an appropriate codec. Detection at control level is based on an evolution introduced in the 3GPP TS 29007 NP-030455, NP-030539 (in 3GPP plenary CN#22 (2003)): transport of Bearer capabilities information in Access Transport Parameter (ATP) of ISUP ANM message sent by the terminating V_MSC. On reception of the ANM, the first NGN NE triggers the codec renegotiation

Main drawbacks: function to be introduced in legacy HLR/G_MSC and codec re-negotiation to be engaged
Solution 3: Codec re-negotiation with detection at transport level

Detection that a data call is in establishment at transport level by the MGW, notification of the events   to the MSC server which engages a codec modification procedure out of band for the selection of an appropriate codec. The detection from the MGW to the MGC could be reported using events defined in ITU-T =H248.2 (fax/text phone/modem tone detection package or the call type discrimination packages)

Main drawbacks: Timing constraints, the codec re-negotiation will induce duration, which can be incompatible with procedures associated to the data calls establishment between modem. Timings are stringent. Furthermore, if the call crosses several packet networks, degradation on the timings could be unacceptable.

Furthermore, the MGW must always monitor the presence of a modem signal for each call.

Solution 4: Pure In band solution

Detection that a data call is in establishment at transport level by the MGW, automatic falls back by the MGW to an appropriate codec. 

Evolutions are required on the Nb interface:

The current 3GPP specifications do not allow currently to immediately reverting to a G.711 encoding on the Nb interface without codec re-negotiation. The reason is that only one codec (and its active codec set) can be negotiated on the Nb interface, i.e. it is not possible to negotiate and configure RFCI for the G.711 codec in addition to the RFCIs of a compressed codec. Two solutions can be proposed:

· Simple solution: On the Nb interface, a default RFCI (with a fixed value specified in 3GPP recommendation) is reserved for G711 calls resulting of the detection of a data call in band. This RFCI is not exchanged during Iu / Nb FP initialisation. Each MGW knows this RFCI. If in a H248 context, the 2 terminations have 2 different codecs with one in G711, when a MGW detects a 2100 Hz, it automatically switches to the default RFCI. As the receiver knows this RFCI, it will adapt its behaviour accordingly.

· Enhanced solution: On the Nb interface, at Nb FP initialisation, each MGW must propose in addition to the RFCI of the selected codec, a dedicated RFCI associated to a G711 format. This RFCI has not to be presented on the Iucs interface (unknown by RNC). Insertion of this RFCI at MGW level doesn’t impact the TrFO function in the V_MSC.

The RFCIG711 is not involved in the algorithm of the function in charge to insert/suppress the TBE (TrFO break equipment) for the TrFO function. For voice calls even if negotiated at Nb FP initialisation, this RFCI is never used. It will only be used in case of a data call when a codec different of G711 is selected during the call establishment phase.  Interoperability aspects are to be taken into account for a MGW without this function (e.g. version of the Nb protocol to be incremented)
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Case of voice call (enhanced solution), the RFCIG711 is never used during traffic
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 Data call (enhanced solution), only case where the RFCIG711 is used during traffic
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