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Optimized speech and AMR Active Codec Set

1. Introduction

Draft TR on the support for voice optimization for the IM CN Subsystem in the GERAN [
] has identified issues that needs solutions. 

Most challenging issues are related to handling the differences in the architectural assumptions in IM subsystem and GERAN. The issues and potential solutions has been described in section 7.1 of [1]:

The IM CN Subsystem SIP negotiation currently does not take into account any access specific information concerning the codec negotiation.  This is particularly the case when the access network modifies the codec packets in some way as in header removal. The BTS may lack support for some of the channel coding schemes that corresponds to the speech codecs supported by the MS.

Although a solution described in section 7.1.2.4 of [1] deals with the problem of handling Active Codec Sets, this issue has not been properly handled so far. 

This contribution is intended to further clarify the issues related to AMR ACS. The document is organized as follows: Section 2 gives an overview (for completeness) of how ACSs are treated in GSM CS speech. Section 3 outlines the issue and the differences that arise from architectural assumptions in IMS and GERAN as well as gives an outline of potential known solutions to these issues. In section 4 an example of signaling flow for optimized speech based on some potential solutions is given.

2. AMR and Active Codec Set in GSM

In GERAN, when using AMR, there could be max. 4 codec modes (out of 8 in AMR FR, and 6 in AMR HR) in an Active Codec Set, while the other end (i.e. terminal somewhere in an IP cloud or even in UTRAN) will support all eight modes. A choice of ACS is done today in GERAN BSC, and up to 4 modes are possible.

The following Figure 1 describes (simplified flow) the basic call setup in circuit switched GSM/EDGE using AMR.
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Figure 1. Basic Call with AMR in GSM/EDGE CS

The basic steps are as follows:

1. During the call setup the MS indicates the speech version  in BCIE

2. The MSC sends an request to BSC indicating that AMR is requested

3. The BSC activates the channel in the BTS and sends the Assignment command  to the MS

4. For an initial assignment of a multi-rate speech codec, the MS shall expect in the ASSIGNMENT COMMAND the MultiRate Configuration IE. After reception of the ASSIGNMENT COMMAND, the mobile station shall use the Initial Codec Mode specified in the MultiRate Configuration IE, if present, or apply the implicit rule defined in GSM 05.09.

MultiRate Configuration IE (shown in the following Figure 2 for the case when 4 codec modes are part of ACS) contains maximum 4 modes part as part of ACS. The MultiRate IE is sent to the MS during the call setup (and handover). 
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Figure 2. The case when there are four codecs in the set

Codec mode selection is done from a set of codec modes (ACS, Active Codec Set), which may include 1 to 4 AMR codec modes. Associated with this set is a list of 1 to 3 switching thresholds and hysteresis used by the DL Mode Request Generator and the UL mode control unit to generate the Codec Mode Requests and Codec Mode Commands. These configuration parameters (ACS, thresholds, hysteresis) are defined at call set-up and can be modified at handover or during a call.

In case there would be a need to change the ACS during a call, this is done using Layer 3 signaling, i.e. Assignment procedure in case of intracell handover, or Handover procedure in case of intercell handover. The commands sent to the MS will include the MR IE.

Basic operation of AMR over the air interface is described in 45.009 and goes as follows:

The codec mode information, which has to be transmitted on each link, consists of Codec Mode Indications (CMI) and Codec Mode Commands (MC) in the downlink, respectively Codec Mode Indications (CMI) and Codec Mode Requests (MR) in the uplink. Codec Mode Indications inform the receiver about the currently applied codec mode. Codec Mode Commands inform the other end about the codec mode to be applied on the other link. Codec Mode Requests inform the other end about the preferred codec mode on the other link.

Codec mode information is transmitted inband in the speech traffic channel, using a part of its transmission capacity. Codec modes are constrained to change only every second speech frame. 

For codec mode adaptation the receiving side performs link quality measurements of the incoming link. The measurements are processed yielding a Quality Indicator. For uplink adaptation, the Quality Indicator is directly fed into the UL mode control unit. This unit compares the Quality Indicator with certain thresholds and generates, also considering possible constraints from network control, a Codec Mode Command indicating the codec mode to be used on the uplink. The Codec Mode Command is then transmitted inband to the mobile side where the incoming speech signal is encoded in the corresponding codec mode. For downlink adaptation, the DL Mode Request Generator within the mobile compares the DL Quality indicator with certain thresholds and generates a Codec Mode Request indicating the preferred codec mode for the downlink. The Codec Mode Request is transmitted inband to the network side where it is fed into the DL Mode Control unit. This unit generally grants the requested mode. However, considering possible constraints from network control, it may also override the request. The resulting codec mode is then applied for encoding of the incoming speech signal in downlink direction. 

As a summary the main relevant (for this discussion) features of the CS speech in GSM/EDGE are:

1. The MS will indicate the supported speech codecs to the network

2. The BSS is in charge of deciding on a particular speech codec to be used for a call

3. In case of AMR, BSS is responsible for assigning an ACS

4. In case of AMR, BSS controls the codec modes from ACS to be applied for uplink and downlink

5. The network may choose to change the ACS or even the speech codec type at any time during the call.

3. Optimized speech concept and ACS

The session setup for optimized speech over Iu-PS and IMS is shown in Figure 1 of [1] and copied here for completeness (Figure 3):
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Figure 3. Simplified Session Initiation flow for optimized speech

In the figure above the MS initiates the session and exchange of capabilities between endpoints will happen. In case of VoIP this will include the list of speech codecs that both ends wish to receive. The outcome of this part of signaling should be a single chosen codec between endpoints (note that this is not necessarily the case for SIP negotiation in the fixed IP world, but is a required outcome when one of the MSs is in GERAN).

After that the resource reservation begins and upon successful completion the remaining SIP signaling will happen.

The following is a summary of relevant features of VoIP negotiation:

1. The MS will decide on the speech codec type to be used for the call

2. The BSS has no control over the chosen speech codec

3. Any change of speech codec will be decided by end points and would involve  SIP level signaling

4. The BSS has no control over the mode being used in case of AMR.

Obviously there are some conflicting scenarios compared to GERAN CS service. When using header removal the main motivation is the ability to provide optimized speech using already existing channel coding schemes as well as existing GSM CS radio interface procedures. Therefore there are features in GSM CS speech that must be preserved also in case of speech over Iu-ps, and most important is to avoid cases when the BSS would not support channel coding for the chosen speech codec. In addition the possibility for AMR codec mode adaptation under control of BSS should be preserved. Most of other issues have been addressed in the TR and solutions are under consideration.

In section 7.1.2 of [1] it is proposed that the MS is made aware of the channel coding capabilities, and this seems most promising approach to solve the differences in the architecture scenarios described above. 

However there are still details to be resolved if this approach is adopted. The point in the signaling flow when the information is sent to the MS need to be decided. In section 7.1.2.1.1 it is proposed to use the Radio Bearer Setup message, when setting up the radio bearer for SIP signaling. This is generally acceptable assuming that the information would be sent to the MS also during GRA/Cell update to avoid the situations when there is a large gap in time from the setup of SIP signaling bearer until the actual session initiation happens. The drawback with this solution is that the information may not be relevant to the MS, for example when the MS wants to setup other type of session then optimized speech. In addition there need to be an evaluation of the spectral efficiency degradation that would result from this signaling. Alternative solutions within same framework would be required.

In addition it has been mentioned in [1] that in certain cases there would be a need for SIP level re-negotiation but it is believed that this could be avoided with a careful network planning. 

Additional issues that have not been addressed are related to the AMR ACS and listed here:

1. The IP terminal (somewhere in the IP cloud or in UTRAN) assumes that any of 8 modes are possible if the SIP level negotiation would result with AMR. However this is not true over the GERAN air interface as seen in section 2. There could be maximum 4 modes. This could be solved using MIME negotiation during the SIP/SDP where the ACS could be negotiated too. For example A party indicates (in SDP) ACS {12.2,7.95,7.4} and B party indicates ACS {10.2, 7.95,7.4}. So, the resulting common ACS would be {7.95,7.4}. It is clear that A party must only use modes included in the ACS that B party has indicated. Furthermore, although in general case the ACS means only the modes that a terminal is willing to receive, it seems quite clear that in GERAN case A party knows that it is only allowed to transmit modes included in its own ACS. 

2. Dynamic behavior of GERAN system (possibility to change ACS any time) would require SIP level re-negotiation of ACS. This re-negotiation is seen as incall modification of the session (SIP signaling during the speech call) and in order to transmit SIP signaling during the call, we have to use DTM like solution, so go to HR+HR constellation and this in turn requires changing ACS, since ACSs are different for FR and HR. In order to avoid SIP level negotiation a similar solution as described in 7.1.2.1.1, could be adopted. This would mean that a consistent set of ACS should be supported in the network. 

3. Header removal functionality in PDCP will act as a proxy and receive AMR speech samples encapsulated in the RTP packet according to [
]. For downlink the speech samples are passed through channel encoder and the Mode Indication is set according to the information obtained from the AMR payload format for RTP. According to [2] the other end could ask using CMR (Codec Mode Request) field to receive a codec mode that would not be possible over the air interface in uplink at a certain time (or to be more precise it could be possible but the link quality could be so bad that the speech quality would be severely impacted). An example: The B party asks for 12.2, but the link conditions dictate the usage of more robust mode, for example 7.4. According to [2] GERAN PDPC header removal entity is mandated to send 12.2 in uplink, so it needs to set the Mode Command to 12.2 in the inband channel. This issue is not unique and appears also in TFO cases. One simple solution would be to relax the requirement in [2]. 

4. If there would be a need to change from Full Rate to Half Rate channels, then the only way to avoid SIP level re-negotiation is to choose an ACS that would be compliant with Half Rate channels. In case of GMSK NB AMR this would mean to restrict the highest mode in ACS to 7.95. The implications of such restrictions should be evaluated.     

4. An example of signalling flow for MS initiated optimized speech

The following is a simplified example of signaling for optimized speech taking into account some potential solutions described in the TR [1]. 
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Figure 4. Example of signaling flow for optimized speech

5. Conclusion

This contribution describes some additional issues related to AMR ACS that need to be taken into account in the Technical Report. It is proposed to include the description of the issues, as well as proposed solutions.  
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