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**** MODIFIED SUB-CLAUSE - 1****
7.1.5 
Exchange of RTP Parameters

The IETF-standardized RTP Profiles for 3GPP Codecs offer quite some flexibility. 
Examples are: Payload Type, Redundancy, Packetization Time, etc.

These RTP Parameters must be either pre-defined per 3GPP- standardization (simplest, but least flexible solution) or the exchange of these RTP Parameters must be defined. 

This is for further study.

The current working assumptions are:

· pre-defined fixed RTP Payload Type per Codec shall be used, 
· it shall be possible to use Redundancy (especially for CS data services).
Some CSD services, especially fax, are sensitive to data loss. For those CSD services without re-transmisson scheme in the application layer (e.g. fax), the loss of data blocks will cause distortion in the transmitted data or maybe even the failure of the service. Although IP is an effective transportation bearer, it does have some inherent flaws and packet loss is one of them. When transport link quality is not so stable (e.g. ADSL, microwave relay, etc.) or when there is congestion, the loss of packets is almost unavoidable. Because data redundancy will reduce the data loss rate caused by packet lost, it will improve the successful rate of CSD services for AoIP.
For data redundancy, several successive data blocks are packed into one RTP packet, just as shown in Fig.1 and Fig.2. The number of successive data blocks in an RTP packet is defined as Redundancy Level. Redundancy Level 1 denotes the transmission without redundancy. The redundancy level is 2 in Fig.1, where altogether 5 (n) data blocks are transferred in 6 (n+1) RTP packets with a substantially increased payload size (n*2+2). The redundancy level is 3 in Fig.2, where altogether 4 (m) data blocks are transferred in six RTP packets (m+2) and substantially increased payload size (m*3+2). 
For redundancy level 1, if one RTP packet is lost, one data block is lost, too. The delay is at its minimum. For redundancy level 2, if one RTP packet is lost, no data block will be lost. The delay at receiver side is increased by the need to wait for one more RTP packet. For redundancy level 3, if two successive RTP packets are lost, no data blocks will be lost. The delay at receiver side is increased by the need to wait for two more RTP packets. 
The format of the payload in the RTP packet that contains redundant data blocks could use the format defined in RFC2198. In order to protect the head data block and tail data block, dummy data blocks are inserted. The inserted dummy data blocks eliminate the extra delay at sender side otherwise caused by data redundancy. The idle frame could be used as dummy data block. The dummy data blocks do not eliminate the delay at receiver side, if the receiver decides to deploy the redundancy. Redundancy increases the bandwidth demand substantially and the number of RTP packets and the transmission delay noticeably. A change of the redundancy level during a call causes a jump of the delay in the data path and therefore (most likely) a loss or distortion of data. Redundancy and the change of the redundancy level shall therefore be use with care – if at all.
Redundancy is always used symmetrically, i.e. the same redundancy level is used in both directions across the A-Interface.
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Fig.1 Redundant Packet with redundancy level = 2
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Fig.2 Redundant Packet with redundancy level = 3
In general, the redundancy level of the RTP packet transferred on the A-interface should be negotiable at Assignment Request and/or Handover Request. It should be finally determined by the BSS according to the wire (IP) link quality and the bandwidth resource. For bad IP link quality, where the disturbance is fairly high, the redundancy level should be a little higher; while for lack of bandwidth resource, the redundancy level could be adjusted to a lower value to reduce the bandwidth cost.
For G.711 over IP, it is still for further study, whether a 5ms or a 20 ms packetization time shall be used.
**** MODIFIED SUB-CLAUSE - 2****
7.2
Signalling Messages

In this section some examples are provided showing how the relevant signalling messages and Information Elements could look like. 

7.2.1 
BSSMAP

7.2.1.11
Circuit Switched Data Codec (CSD Dummy Codec)
In order to support a flexible migration from fax and data via 64k TDM lines to fax and date via IP, considering the redundancy for better packet loss resilience, it is proposed to define a “CSD Dummy Codec” for the BSC-SCL, the MSC-PCL, the “Speech Codec (used)” and “Speech Codec (chosen)” and the “Speech Codec (MSC Chosen)”. This CSD Dummy Codec is handled formally like any other (Speech) Codec in the call setup and handover negotiations.

The direct code-space for Speech Codecs has only 15 entries. But this CSD Dummy Codec is not a Speech Codec and is used comparably rare and so a somewhat less efficient coding is allowed. It is therefore proposed that the coding for the Dummy Codec is using an “extension” mechanism (similar to TS 28.062): the Code-Point “0xF” indicates that in fact the next octet in the IE contains the real 8-bit Code-Point for the Codec. The code-point for this Fax and Data “CSD Dummy Codec” should be “registered” in TS 26.103. There are already two other Dummy Codecs defined for Multi-Media Applications. They have Code-Values 0xFF and 0xFE, so the proposed value 0xFD for Circuit Switched Data Codec is the next choice, counting downwards.
As discussed in chapter 6 it is necessary to differentiate two A-Interface Types for Fax and Data calls (the alternative 2, i.e. 16kbps, is not included in the working assumptions):
- 64k over legacy TDM lines
- 64k over IP using RFC 4040 (mandatory).
Two bits are reserved to flag these A-Interface Types.

As discussed in chapter 6, redundancy should be an option. The redundancy field contains three flags (RED1, RED2, RED3) indicating support for redundancy Level=1 (mandatory), 2 (optional) and 3 (optional). The redundancy levels are not depending on each other, it is for example allowed to support redundancy level 1 and 3 without supporting redundancy level 2.
	#
	Comments
	Coding
	mandatory
or optional

	1
	IE-Identifier
	Speech Codec
	mandatory

	2
	Length
	"Length of IE after length byte"
	mandatory

	3
	Codec
	spare
	64koIP
	64koTDM
	spare
	"Codec Extension" = 0xF
	mandatory

	4
	Codec
	“Circuit Switched Data” = 0xFD
	mandatory

	5
	Redundancy level
	RED1
	RED2
	RED3
	spare (5 bit)
	mandatory


Note 1: In BSC-SCL and MSC-PCL more than one of these A-Interface Types and redundancy options may be flagged to allow an open negotiation and to restrict the negotiation as far as necessary. But in “Speech Codec (Used)”, “Speech Codec (Chosen)” and “Speech Codec (MSC Chosen)”exactly one A-Interface Type and one redundancy option shall be specified. If no redundancy option is flagged, then redundancy level 1 applies automatically.
Note 2: the existing “Channel Type” IE contains all the other parameters for fax and data calls. This Channel Type IE and the CSD Dummy Codec shall contain consistent data.

Note 3: Redundancy Level is – of course – not defined for the legacy A-Interface (64koTDM).
**** MODIFIED SUB-CLAUSE - 3****
7.3
Procedures

7.3.1
Codec Negotiation at Call Setup 

An optimal end-to-end Codec Negotiation shall be performed for each individual call to achieve best quality of service, considering the Codec capabilities of the MS, the BSS as well as the CN and the distant end.
Figure 7.3.1.1a shows an example MS-to-MS call, with end-to-end Codec negotiation at call setup. 

BSC1 sends to MSC1 its actual "BSC Supported Codec List" (BSC-SCL1) in the first Complete Layer 3 Message that encapsulates the DTAP CM SERVICE REQUEST message from MS1. BSC1 shall predict to its best possible knowledge at this point in time for this specific call, which Codec Types, Configurations and Interface Types could be used in this specific cell area. BSC1 shall not include Codec Types in this BSC-SCL1 that are currently not available.

The Codec capabilities of MS1 (MS-SCL1) are received in MSC1 in DTAP SETUP, which includes also other call set up details. Upon receiving SETUP, MSC1 shall construct the SCL taking into consideration MS-SCL1, BSC-SCL1 as well as MGW1 capabilities. MSC1 then initiates Codec negotiation through OoBTC (or SIP-I) towards the terminating side, including the SCL.
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Figure 7.3.1.1a: Example, end-to-end Codec negotiation at call setup, MS-to-MS call
 If cRanC1 == SC == cRanC2 then the call is end-to-end transcoding free

Upon receiving the terminating call attempt, MSC2 initiates paging of the terminating subscriber. BSC2 sends to MSC2 its actual "BSC Supported Codec List" (BSC-SCL2) in the first Complete Layer 3 Message that encapsulates PAGING RESPONSE message from MS2. 

MS2 sends its Codec capabilities to MSC2 in the DTAP CALL CONFIRMED message. Upon receiving CALL CONFIRMED, MSC2 selects a pair of Codecs to be used for the call, one for the Core Network (called "SC") and one for the terminating RAN (called "pRanC2", Preferred RAN Codec). For that selection MSC2 takes into consideration MS-SCL2, BSC-SCL2, MGW2 capabilities as well as the SCL received from MSC1. In the optimal case SC and pRanC2 are identical or at least compatible. MSC2 considers also possible Interface Types and Transcoder Resource Locations. Of course also the Codec Configurations are pre-decided by MSC2.

MSC2 then sends the SC back to MSC1. 

MSC1 selects now the Preferred RAN Codec for the originating side (pRanC1), taking the SC, the MS-SCL1, BSC-SCL1 and MGW1 capabilities into account. In the optimal case SC and pRanC1 are identical or at least compatible. MSC1 considers also possible Interface Types and Transcoder Resource Locations. Of course also the Codec Configurations are pre-decided by MSC1.

MSC1 and MSC2 start now in parallel to construct their offers to BSC1, respectively BSC2. 
The MSC-PCL1 contains pRanC1 as first, most preferred Codec Type for the originating side.

The MSC-PCL2 contains pRanC2 as first, most preferred Codec Type for the terminating side.

MSC1/MSC2 sends MSC-PCL1/MSC-PCL2 to BSC1/BSC2 in Assignment Request. BSC1/BSC2 will most likely choose finally the Preferred RAN Codecs for the respective radio interface.
When the Codec Type is negotiated on the A interface, also the Codec Configuration, the location of the Transcoder resource and the Interface Type are negotiated and decided. This secures the flexible configuration and deployment of A over IP according to different network situations.
Note:
TFO in the BSC-SCL and MSC-PCL is optional, but not mandated to be configured or used.
For data and fax call, codec negotiation should also been carried out to select the proper CSD Dummy Codec. The purpose of CSD codec negotiation is to determine the A-interface type and the redundancy level. Figure 7.3.1.1b shows an example with CSD Codec Negotiation for the A-interface transport link at call setup. There are two differences between CSD Codec Negotiation and normal Speech Codec Negotiation:
1. Because the circuit-switch data link for the A-interface will always be terminated in the MGW, CSD Codec Negotiation is not an end-to-end procedure. The negotiation will be carried out by the two involved MSC-BSS pairs separately, each as shown in Figure 7.3.1.1b.
2. Redundancy level Negotiation will only happen for the A-Interface transport link and will not affect the air interface.
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Figure 7.3.1.1b: Example redundancy level negotiation at call setup for a data/fax call
BSC1 sends MSC1 its actual "BSC Supported Codec List" (BSC-SCL1) in the first Complete Layer 3 Message. In BSC-SCL1, BSC1 uses the CSD Dummy Codec to indicate its capability of supported A-interface type(s) and the supported redundancy levels (RED-Levels BS1 = RED1-RED2-RED3 of BSS1).
After receiving BSC-SCL1, MSC1 shall tell BSC1 its preferred/supported A-interface type(s) by considering the link resource of MGW1 and the capability of BSC1 comprehensively. Besides that, MSC1 shall also tell BSC1 its preferred/supported redundancy levels (RED-Levels MP1) by considering the link resource of MGW1 and the capability of BSC1 (RED-Levels BS1). The preference of MSC1 is indicated by the CSD Dummy Codec(s) included in MSC-PCL.
MSC1 sends MSC-PCL to BSC1 in the Assignment Request message. BSC1 will make the final decision of which A-interface will be used and which redundancy level will be used (RED-Level BD1). Only redundancy levels that are supported by both entities (BSS and MSC) may be used. BSC1 tells MSC1 its final decision by the Speech Codec (Chosen) included in the ASSIGNMENT COMPLETE message. MSC1 informs MGW1 accordingly.
7.3.2
Codec Negotiation at Handover 
The assignment procedure at Call Setup, including the enhanced Codec negotiation, aims for best possible Codec setup for best speech quality end-to-end, with the minimal number of transcoding stages in the path and the minimal transport bandwidth. Aiming for improving the successful rate of CSD services, the CSD Codec negotiation is performed in assignment procedure at data/fax Call setup.

Following the assignment at Call Setup there may be several reasons for the BSS to change the cell and/or the Codec Type and/or the Codec Configuration and/or the Interface Type. The BSC shall always try to keep the Codec Type and Codec Configuration compatible as well as keep the same Interface Type to create least impact on Core Network and distant termination. Sometimes this is, however, not possible.
For data/fax calls handover might cause the change of the redundancy level used in A-interface and/or the type of A-interface. When the redundancy level and/or the type of A-interface has to be changed, a new CSD Codec shall be negotiated between BSS and MSC.

The following subchapters discuss different handover cases. 

7.3.2.1
Intra-BSC Handover to a Compatible Target Cell

For an intra-cell or intra-BSC handover to the same Interface Type and a compatible Codec Type and Codec Configuration, the BSS handles the handover internally. One important Intra-Cell handover case is the cell repacking for higher radio efficiency under high load conditions. The handover from FR_AMR to HR_AMR is such an example.
For data/fax call in AoIP, a compatible target cell means that the CSD Codec will not be changed after handover, i.e., neither the type of A interface nor the redundancy level should be changed after Handover.

The MSC is merely informed about the handover by the Handover Performed message. A new BSC-SCL, containing the up-to-date Codec capability of the BSC may be included in the Handover Performed message. The MSC may use this in future e.g. at Codec re-negotiation towards the remote end.
For data/fax call in AoIP, the Handover Performed message may contain a new BSC-SCL which include a new CSD Codec of the target BSS after handover. The MSC may use this for future CSD Codec negotiation.

7.3.2.2
Intra-BSC Handover to an Incompatible Target Cell

At intra-cell and intra-BSC handover, if the BSC has to change to an incompatible Codec Type or incompatible Codec Configuration, or if there is a need to change the Interface Type, the BSC shall inform the MSC.
For data/fax call in AoIP, an incompatible target cell means that the A interface type and/or redundancy level should be changed after handover. 

One important Intra-Cell handover case is the cell repacking for higher radio efficiency under high load conditions. The handover from GSM_EFR to GSM_HR is such an example. Important may be that this cell-repacking affects only some of the calls in this cell, not all. The BSC-SCL is therefore often only relevant for the specific call, not for the whole cell. One possible strategy is – for example – to handover only calls with good to best radio conditions from GSM_EFR to GSM_HR, while keeping calls with low radio conditions in GSM_EFR. Also starting new calls may preferably be done in GSM_EFR, until the radio condition is known and a subsequent repacking to GSM_HR is possible. In this way the overall speech quality is optimized on cost of more frequent handovers. This Intra-BSC handover is therefore important and should be performed with minimal impact and delay.

In general, the Intra-Cell handover will not affect the CSD Codec used for the ongoing data/fax call because neither the type of A interface nor the transport link for Abis and A interface will be affected by Intra-Cell handover.

One possibility is to initiate a procedure similar to Inter-BSC handover, i.e. Handover Required is send to the MSC, optionally including a new, up-to-date BSC-SCL. This Handover Required may also include the new AoIP Container for the new radio channel termination. The MSC may handle this Intra-BSC handover like an Inter-BSC handover, see below. The advantage of this possibility is that existing messages and procedures can be reused, although new IEs have to be added. It needs further study how to handle the potentially newly created SCCP connection between the MSC and the same BSC.
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Figure 7.3.2.2.1: Intra-BSC Handover to a non-compatible Codec
A second possibility is to define a simplified 3-ways-signalling MSC-controlled handover procedure, relying on the observation that the source and the target BSS would be the same in this scenario so that two messages used in the normal inter-BSC Handover procedure (namely the "Handover Request" and "Handover Request Acknowledge" messages) would not be needed.

A 3-ways-signalling procedure could be defined where the first message could be a "Channel Modify Required" or a "Internal Handover Required" message containing at least:
-
A target cell. This shall be a cell controlled by the same BSS

-
The up-to-date Codec capabilities in the target cell, i.e. the BSC-SCL.
-
The new AoIP container with the new IP/UDP termination at the BSS for the new radio channel termination.

When receiving the "Channel Modify Required"/"Internal Handover Required" message from the BSS, the MSC would select its most preferred Codec Type (pRanC) taking into account the BSC-SCL. The pRanC and the new IP/UDP termination at the BSS would be communicated to the MGW in order to add another termination towards the BSS. The MGW would then acknowledge the Add request by sending back to the MSC the new IP/UDP termination at the MGW.
Similarly, for data/fax call, when receiving the "Channel Modify Required"/"Internal Handover Required" message from the BSS, the MSC would select its most preferred interface type and redundancy level (RED-Level MP) by taking into account the BSC-SCL and the currently transport link resource of MGW.

At this point in time the MSC could reuse existing messages on the A interface to trigger the handover execution phase. In particular, to trigger the handover, the "Handover Command" message would be sent to the BSS, including the MSC-PCL (with pRanC as the first choice) and the new MGW IP/UDP termination. A legacy handover procedure would be performed on the radio interface and then the BSS would finally confirm the handover/Codec change to the MSC with the "Handover Complete" message. See figure 7.3.2.2.2. For data/fax call, the Codec(chosen) in “Handover Complete” message will indicate the interface type and redundancy level chosen by BSS. In general, the whole procedure illustrated in fig 7.3.2.2.2 is also applied to data/fax call.
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Figure 7.3.2.2.2: Simplified procedure for intra-BSS Handover to an incompatible Codec 
(Codec change triggered by the BSS)

A variant of this procedure is also possible. For instance:

-
Instead of containing the BSC-SCL, the "Channel Modify Required"/"Internal Handover Required" could directly contain the chosen Codec, i.e. the BSS could finally decide the Codec-type.

-
Instead of reusing the legacy Handover Command/Handover Complete handover execution procedure, a new message could be defined to trigger the intra-BSS handover and the Handover Performed message could be used to inform the CN of the handover completion (in this case the Handover Performed message would be used by the MSC-S as a trigger to remove the old MGW UDP/IP termination).
The advantages of a 3-ways-signalling MSC-controlled procedure would be a faster handover handling. 

The disadvantage could be higher implementation and verification effort.

The decision should be based on statistics from existing networks. If this kind of Intra-BSC handover is expected to happen often, then the procedure should be optimized. Otherwise the existing procedure should be sufficient.

A third possibility is to rely on User Plane procedures, whereby the MSC allows multiple Codecs to be used in the MGW and whereby the BSS performs a normal intra-BSS handover, finally sending the "Handover Performed" message to the MSC, and the new target radio leg starts sending UL data to the MGW (from a different, new BSS UDP/IP termination) encoded according the new Codec Type. The MGW would have to detect the Codec change and, before receiving any Control Plane message, add automatically a new termination to the Context, if necessary with transcoder resources, and start sending DL data to the new BSS UDP/IP termination encoded according the new Codec Type. In uplink a smart handover combining could take place and finally the MGW would send a Notify Request to inform the MSC. See figure 7.3.2.2.3.
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Figure 7.3.2.2.3: User Plane procedure for intra-BSS Handover to an incompatible Codec
(Codec change triggered by the BSS)

The suggested User Plane procedure seems attractive, but needs further study and coordination with other groups (e.g. CT4). 

The current working assumption is to introduce a simplified 3-ways-signalling MSC-controlled handover procedure. 
7.3.2.3
Inter-BSC Handover

Inter-BSC handovers can not be handled BSC-internally and the MSC and MGW need to be involved, regardless whether or not the Codec Type, Codec Configuration, A-Interface Type, redundancy level (for data/fax call) or Transcoder Resource location has to be changed.

The source BSC sends Handover Required to the MSC. 

As described above this Handover Required may optionally contain a new BSC-SCL and a new AoIP Container for the Intra-BSC handover case. For the 'real' Inter-BSC handover case the source BSC is taken out of the call path and thus it's BSC-SCL is useless.

The reason to include a new BSC-SCL (for Intra-BSC handover case) is to have the latest BSC capability communicated to the MSC. The MSC could then decide whether or not this new BSC-SCL is to be used e.g. in deciding the Codec Type and Codec Configuration and Interface Type for the target cell for Intra-BSC handover to an incompatible target cell. The MSC may also use this new BSC-SCL after handover for Codec Re-Negotiation towards the remote end.
For a real Inter-BSC handover, MSC does in general not know the target BSC's capability. In that case the MSC may construct the MSC-PCL taking into consideration the currently Selected Codec (Type and Configuration) on the Nb interface. The first Codec in the MSC-PCL shall be compatible to the SC. The other Codecs in the MSC-PCL are determined by the known MS-SCL and the MGW capabilities.
For data/fax call, the CSD Codecs in MSC-PCL indicates the A interface types preferred by MSC and the types will be ordered according to the preference of MSC. CSD Codec in MSC-PCL also indicates the MSC preferred redundancy level, which could be determined by the current transport link resource of MGW and the redundancy level used by the old BSS.

In general the MSC does also not know the supported Interface Types of the target BSS. Therefore the MSC may offer all Interface Types in the MSC-PCL, which is send in the Handover Request Message. This Handover Request Message contains also the AoIP Container, if AoIP is offered.

The target BSC selects finally the Codec Type, Codec Configuration, A-Interface Type, redundancy level (for data/fax call) and Transcoder Resource Location out of the MSC-PCL. The target BSC reports this back to the MSC in Speech Codec (chosen), included in Handover Request Acknowledge. This Handover Request Acknowledge contains also the AoIP Container, if AoIP is chosen and the new, up-to-date BSC-SCL*.

The MSC updates the MGW accordingly. If more than one Interface Type was seized in the MGW, then the not used one has to be SUBtracted from the MGW context.

If, for whatever reasons, the MSC knows the capabilities of the target BSC, partly or fully, then the MSC may pre-decide the Interface Type and offer only one Interface Type in MSC-PCL. In that case the update of the MGW is sometimes not necessary (except the MODification of the connection address). See figure 7.3.2.3-1 below.
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Figure 7.3.2.3.1: Real Inter-BSC Handover, example of TDM as selected Interface Type
7.3.3
Codec Re-Negotiation after Inter-BSC Handover

After the handover is completed and the BSC-SCL of the now serving BSC and the Speech Codec (chosen) is known to the MSC, the MSC may (optional) evaluate, based on the SC and the Available Codec List received earlier from the distant call leg, whether or not Mid-Call Codec Re-Negotiation may result in a better overall end-to-end Codec selection. For data/fax call, MSC may also initiate the procedures to adjust the currently used A-interface type. Different from Speech Codec Re-Negotiation, the CSD Codec re-negotiation procedure in data/fax call is not an end-to-end one. It only happens between a MSC and its connected BSS. 

One important scenario for such a potential Codec Re-Negotiation is the upgrade from narrowband (NB) speech telephony to wideband (WB) speech telephony, when the old BSC was not able to support AMR-WB, but the new BSC is capable to offer AMR-WB speech.

Although Codec Re-Negotiations are currently possible within the Core Network, there is currently no defined procedure to trigger a Codec change from the Core Network to the BSS.

One possibility for the Core Network to trigger a Codec Type change (e.g. to re-establish TrFO) could be to trigger a new assignment procedure on the same SCCP connection. This approach would reuse existing messages, but there could be a few drawbacks as well: 

· A new Assignment message would replace the UDP/IP termination at the BSS (and at the MGW), but it would be preferable to have the 2 terminations (old and new) in place during the Codec change, like in the handover case

· The Core Network would not be aware of the current BSS capabilities when initiating the new Assignment procedure.

In fact, the main issue is to provide a mechanism whereby the BSS informs the Core Network about the Codec Types it can support for the ongoing call, before the Core Network triggers a Codec change. Although the BSS communicates its Codec capabilities at call setup, this is a dynamic information related to a specific time instant in a specific cell so that this might change in time, e.g. due to overload conditions. Therefore a mechanism is needed to update this information for an ongoing call.

One possibility would be to rely on the simplified MSC-controlled handover procedure defined in section 7.3.2.2, in this case initiated by a preliminary signalling message sent by the MSC to the BSS to trigger a feedback from the BSS about its current Codec capabilities regarding a specific ongoing call.

This message could be named "Channel Modify Enquiry" or "Internal Handover Enquiry", and it would be different from a legacy "Handover Request" sent to the target BSS during the preparation phase of an inter-BSS handover: its goal is to get back the updated BSS Codec capabilities to handle a specific call and no specific target cell is indicated in the message (the primary goal is to change the Codec, not necessarily the cell, and typically an intra-cell handover would be finally triggered in this case). On the other hand a MSC-PCL (MSC-Preferred Codec List) could be included in the "Internal Handover Enquiry" message to inform the BSS about the MSC Codec preferences. If the goal is to re-establish TrFO, the MSC-PCL in this case should reflect the remote end indicated Codec. The BSS might use this information to decide a possible target cell that meets such requirements.

The BSS response to the "Channel Modify Enquiry"/"Internal Handover Enquiry" message would be the "Channel Modify Required"/"Internal Handover Required" message described in the section 7.3.2.2. The target cell indicated in the message could be the same cell where the call is currently ongoing; alternatively this could also be a cell where the BSS could better satisfy the MSC Codec preferences expressed in the MSC-PCL contained in the "Internal Handover Enquiry" message. The current BSC-SCL and the new UDP/IP BSS termination for the new radio channel termination would also be added.

As described in section 7.3.2.2, when receiving the "Channel Modify Required"/"Internal Handover Required" message from the BSS, the MSC would select its most preferred Codec Type (pRanC) taking into account the BSC-SCL. If the goal of the Codec change is to re-establish TrFO, and the BSS could not meet the request in the MSC-PCL contained in the "Internal Handover Enquiry" message (i.e. if the BSC-SCL in the "Internal Handover Required" message does not contain the MSC-PCL), then the MSC could also decide it's not beneficial to finally trigger a Codec change and could avoid sending the Handover Command at all (of course this means that TrFO would not be re-established at the end). In data/fax call, if MSC preferred CSD Codec is the same to the BSS selected CSD Codec, MSC could send the Handover Command to change the interface type used by BSS. Otherwise, MSC should avoid sending out the Handover Command message. 

Note:
One possible way for the MSC to detect whether the BSS is actually waiting for the Handover Command is to add a flag in the "Internal Handover Required" message to clarify whether this message is:

-
sent by the BSS in response to an "Internal Handover Enquiry" -> the BSS doesn't have a real need to perform the intra-BSS HO -> no problem if Handover Command is not received;

-
sent by the BSS because of a real need to perform the intra-BSS HO (e.g. to an incompatible Codec Type) -> Handover Command is finally expected.
If the MSC decides to continue with the handover, the message exchange with the MGW and the signaling procedure on the A interface for the handover execution phase would be the same as described in section 7.3.2.2 The overall procedure is described in figure 7.3.3.1. 
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Figure 7.3.3.1: Codec change triggered by the Core Network

Note:
A potential, optional Codec Re-Negotiation may lead to a change of all Codecs in the speech path, also the one just selected by the BSC during handover. This will result in a short interruption of the speech path and it costs not negligible signalling load. 

Codec Re-Negotiation is therefore considered as optional. 

The definition of the triggers to initiate a Codec Re-Negotiation is not in the scope of a possible Work Item on "AoIP".
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