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*****  START OF FIRST CHANGED SECTION *****
3.1
Definitions

For the purposes of the present document, the following definitions apply:

Codec: device to encode information from its original representation into an encoded form and to decode encoded information into its original representation

Codec Lists, Selected Codecs: The OoBTC procedures pass a number of codec lists created by comparing the capabilities of the different nodes or equipment involved. For the different interfaces involved during call setup, handover, and relocation, the following codec lists and selected codecs need to be distinguished:

i) Supported Codecs List (DTAP) – this is the list of codecs supported by the UE. It is subdivided into codecs supported for the currently used radio access and codecs that can be used for other radio accesses supported by the UE. The list contains only the codec types, but not the individual configuration, as the UE is mandated to support all configurations for a given codec type.

ii) Supported Codecs List (BSSMAP) - this is the list of codecs supported by the BSS (BSS-SCL). The list contains the codec types as well as the individual codec configurations supported by the radio access at the very moment of call setup. 
iii) Supported Codecs List (BICC) – this list is used on NNI (BICC) OoBTC signalling. At call setup it is sent forward by the node originating the OoBTC signalling and contains the default PCM codec and a set of codecs that is common to the nodes and the equipment involved in setting up the call. For a mobile originating call, these are the UE and the MGWs involved in the connection and, for UTRAN, GERAN Iu-mode and GERAN AOIP mode, also the originating radio access. At inter-MSC relocation and inter-MSC handover, the Supported Codecs List (BICC) is sent forward by the anchor MSC towards the target MSC and contains the default PCM codec and a set of codecs that is common to the anchor MSC and the nodes involved in setting up the new call leg towards the target MSC. For UDI/RDI multimedia calls with fallback and service change according to 3GPP TS 23.172 [17], the multimedia dummy codec will be included (see 3GPP TS 26.103 [5]).
iv) Available Codecs List (BICC) – this is the list of codecs available for the NNI connection. It is returned in the backward signalling to the node that originated the OoBTC and is a subset of the Supported Codecs List (BICC) sent forward. At call setup the Available Codecs List (BICC) contains the default PCM codec and a common set of codecs that can be supported by all nodes and, if Transcoder Free Operation has been achieved end-to-end, also by the UEs and the radio access networks that are involved in the call. At inter-MSC relocation and inter-MSC handover to UMTS, the Available Codecs List (BICC) contains the default PCM codec and a set of codecs that can be supported by all nodes involved in setting up the new call leg towards the target MSC and, if Transcoder Free Operation can be maintained end-to-end after the handover or relocation, also by the UE and the target radio access network.

v) Selected Codec (BICC) – this is the codec selected to be used on the NNI connection. It is one of the codecs contained in the Available Codecs List (BICC) and may be different from the codec that is used on the radio interface, but if end-to-end Transcoder Free Operation has been achieved, this will be the common codec for all nodes, the UEs, and the radio accesses.

vi) Iu-Supported Codecs List (MAP) – this list is used for MAP signalling from the anchor MSC to the target MSC. It is subdivided into lists for UTRAN and GERAN Iu-mode and contains the codecs common to the UE and to the anchor MGW for each radio access supported by the UE. The codec capabilities of the serving radio access, i.e. the radio access used prior to the inter-MSC handover or relocation, are not taken into account. Codecs that are only applicable to the NNI, e.g. the default PCM codec or the multimedia dummy codec (see 3GPP TS 26.103 [5]), are not included.

vii) Iu-Available Codecs List (MAP) – this is the list of codecs available for the target Iu interface. When returned by the target MSC to the anchor MSC in response to an initial Prepare Handover message it is the Iu-Supported Codecs List (MAP) reduced according to the capabilites of the target MGW and the target radio access. After a subsequent intra-MSC handover or relocation, the target MSC may update the Iu-Available Codecs List (MAP) according to the capabilites of its associated MGW and the new target radio access, if necessary. 

viii) Iu-Selected Codec (MAP) – this is the codec selected for the target Iu interface. It is one of the codecs contained in the Iu-Available Codecs List (MAP). In response to a Prepare Handover request message this is the codec selected by the target MSC and indicated back to the anchor MSC. When sent from the anchor MSC in a Forward Access Signalling request message during a codec modification, it contains the codec type and configuration chosen by the anchor MSC.

ix) Iu-Currently Used Codec (MAP) – this is the codec in use on the serving Iu interface prior to an inter-MSC handover.

x) TFO Codec List (H.248) – this is the list of codecs for use by the MGW during TFO in-band negotiations with a distant node. The list is passed via the Mc interface from the server to the MGW. The first entry of the TFO Codec List (H.248) is to be used by the MGW as the 'Local Used Codec' (see [10]).

xi) Distant Codec List (H.248) – this is the list of codecs received by the MGW from a distant node during TFO in-band negotiations. The list is passed via the Mc interface from the MGW to the server. The first entry of the Distant Codec List (H.248) is the 'Distant Used Codec' received by the MGW (see [10]).

xii) Codec (H.248) – this is the codec for use on a certain MGW termination. It is passed via the Mc interface from the server to the MGW. 

For the codecs in the Supported Codecs List (DTAP), no order of priority is defined. Within the lists ii and v, the codecs are ordered in decreasing order of priority, the first entry in the list being the highest priority codec (preferred codec).

Tandem Free Operation: configuration of a connection with two transcoders that support TFO protocol and whose external coding schemes are compatible, thus enabling compressed speech to pass between them

NOTE 1:
When the TFO protocol is not supported by both transcoders or the coding schemes are not compatible then normal "Tandem" operation occurs and PCM encoded speech is passed between them.

Transcoder: device to change the encoding of information from one particular encoding scheme to a different one, most commonly to/from a compressed speech algorithm from/to PCM.

Transcoder Free Operation: configuration of a speech or multimedia call for which no transcoder device is physically present in the communication path and hence no control or conversion or other functions can be associated with it

Out of Band Transcoder Control: capability of a system to negotiate the types of codecs and codec modes on a call per call basis through out-of-band signalling, required to establish Transcoder Free Operation.

Default PCM Codec: network default 64kb/s codec for speech in PCM domain

NOTE 2:
For example ITU G.711 A-law.
Transcoding free link (TrFL): bearer link, where compressed voice is being carried between bearer endpoints

NOTE 3:
Within the UMTS network, the compressed voice is transmitted in Iu/ Nb User Plane format, depending on the related interface.

Tandem free link (TFOL): bearer link between transcoders that are operating in Tandem Free Operation mode, i.e. bypassing the transcoding functions

NOTE 4:
The involved transcoders can be a UMTS transcoder or a GSM TRAU with TFO functionality.

Transcoder free operation (TrFO): calls that have no transcoders involved in the connection between the source codecs 

NOTE 5:
For mobile to mobile calls this is UE to UE, although the connection could be UE to another type of terminal. TrFO operation is considered a concatenation of TrFLs between RNCs.

NOTE 6:
In case of mobile to fixed network calls the term "Transcoder free operation" is applicable for the TrFLs carrying compressed speech. The TrFO usually ends at the Gateway to the PSTN where the speech is transcoded e.g. to G.711. 

Tandem free and Transcoding free operation (TaTrFO): concatenation of "transcoding free links" and "tandem free links"

Iu Framing: framing protocol used for the speech packets on both the Iu User Plane interface and the Nb User Plane interface

NOTE 7:
The Iu framing protocol is specified by [4].

In addition, the definitions of ACS, SCS, OM, and MACS provided in [5] apply.

Direct Codec: is a codec that can be used without any additional transcoding stage inserted at the MGW that is offering the codec list. E.g., a direct codec can be AMR or another mobile codec when the end terminal is a mobile station, or G.711 when interworking with the PSTN.

Indirect Codec: is a codec that requires transcoding at the MGW providing the codec list.

Auxiliary RTP payload type: is a  payload type used in combination with a speech codec to transmit some non-spech  audio via RTP. The Telephony Event RTP Payload Type and the , Comfort Noise Codec are the only "Auxiliary" RTP payload type defined in the present Release.

*****  END OF FIRST CHANGED SECTION *****
     *****  START OF SECOND CHANGED SECTION *****

4.2
Relationship between OoBTC and In-band TFO

OoBTC is used before call set-up to attempt to establish an UE-UE transcoder free connection. If successful the result is a saving of transcoding equipment in the path and provides a cost efficient transmission.
The In-band TFO protocol (described in [10]) is activated after call set-up only if transcoders are inserted in the path. In case two transcoders in tandem (a pair of transcoders with PCM coding between them) are able to communicate to each other (both support TFO), then the inband TFO protocol allows the transcoders to compare coding schemes. If compatible codec types exist, the transcoders are able to overwrite the PCM coding with the pure compressed speech (effectively bypassing the transcoding functions). In-band TFO provides fast fallback mechanisms in case the TFO connection can not be maintained (insertion of CCD, DTMF, tones, etc). In-band TFO provides no direct saving of transmission costs.

If the OoBTC fails to establish the TrFO and transcoders are required, then in-band TFO may be used after call set-up. Inband TFO shall be the fallback mechanism when transcoders cannot be avoided, either at set-up or during the communication phase. In-band TFO shall be used for interworking with the 2G systems (e.g. GSM) using PCM coding.

 *****  END OF SECOND CHANGED SECTION *****
*****  START OF THIRD CHANGED SECTION *****

5.5
TrFO/TFO Codec Negotiation Harmonisation

When OoBTC procedures are initiated to a node where compressed voice cannot be supported (either at the node or to the preceding node) then a transcoder is inserted. This can be due to the transport technology (e.g. TDM) or due to the access technology (e.g. GSM with TDM based A-interface ). The OoBTC procedures can result in the following call scenarios:
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Figure 5.5/1: Cascaded TrFO & Transcoding

In Figure 5.5/ 1 the OoBTC cannot proceed as the call crosses a transit network that does not support compressed voice. The same could occur if the transit network did not support out of band codec negotiation (Support in BICC is optional).

In Figure 5.5/2 the OoBTC procedures result in the call terminating to a TDM based GSM access. As the GSM radio access transcodes to default PCM codec, the OoBTC results in default PCM selected. The reply is passed back to the originating network, which then inserts a transcoder from default PCM to AMR for the UMTS radio access.
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Figure 5.5/2: UMTS to GSM interworking

In a similar situation to that described in Figure 5.5/2, it is also possible that the OoBTC procedures result in UMTS_AMR_2 as the selected codec, as this is compatible with FR_AMR codec.  This is the optimal codec selection for speech quality purposes.  In this case, the transcoder shall be inserted at the terminating MGW in order to transcode between PCM and UMTS_AMR_2, and UMTS_AMR_2 shall be signalled back to the originating UE.  TFO can then be used on the terminating A-interface to allow FR_AMR to be passed between the tandemed codecs, allowing the best speech quality in the core network.
Further to the scenario described above in Figure 5.5/2, where there is no TFO compatible codec between the UMTS UE and the GSM MS it is also possible that the OoBTC procedures result in UMTS_AMR as the selected codec.  In this case, the transcoder shall be inserted at the terminating MGW in order to transcode between PCM and UMTS_AMR (as an example), and UMTS_AMR shall be signalled back to the originating UE.  Bandwidth savings and avoiding degradation in speech quality are then achieved in the core network.

For TFO to establish between the transcoders in the above scenarios, each TRAU must send a codec list inband after the call has been established. If a common codec type is available (determined by pre-defined rules, described in TFO specification [10]) then the OoBTC procedures need to be informed so that a codec modification can be performed. This is shown in Figure 5.5/3. Note – a modification could also be required when a common codec type has been selected but the ACS is not common.
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Figure 5.5/3: TFO support by OoBTC signalling

In H.248, the vertical MG control protocol, the coding types are specified by Media Stream Property, as defined by Annex C of H.248 specification. A specific package is used for TFO (see [12]).

The basic requirements are listed below:

i)
Property for TFO Codec List (same format as for [5])

ii)
Event for Optimal Codec, as determined by TFO in-band protocol

iii)
Event for Distant Codec List sent by the distant TFO partner 
iv) Event for TFO status

v)
Procedures to define and enable TFO

The TFO package allows the Server to request the MGW to initiate the TFO in-band protocol towards a far end transcoder. The package includes a property to turn on/off the TFO (tfoenable); this may be required prior to TrFO break situations such as handover.

The TFO Codec List (H.248) is passed via the Mc interface from the Server to the MGW. The first entry of the TFO Codec List (H.248) shall be used by the MGW as the 'Local Used Codec'. The other entries of the TFO Codec List (H.248) shall be used by the MGW as Local Codec List in the TFO in-band negotiation (see [10]). For adaptive multi-rate codecs (AMR and AMR-WB codecs) some control of the level of negotiation is performed by the "Optimization Mode" parameter in the respective Single Codec information element in the TFO Codec List (H.248) (see [5] and [12]). This allows a node to indicate if the offered ACS may be modified or not during TFO procedures, and this is mapped to the appropriate parameter in the TFO protocol by the MGW. If for a Single Codec information element in the TFO Package from the Server to the MGW the OM is set to "Optimization of the ACS not supported", then the TFO Negotiation shall not change the offered ACS of the respective Single Codec information element.

The MGW returns Notification Events for the Distant Codec List sent by the far end and the Optimal Codec Type as selected by the Codec Selection mechanism in TFO. The first entry of the Distant Codec List (H.248) is the 'Distant Used Codec' as received by the MGW during TFO in-band negotiations. The other entries of the Distant Codec List (H.248) are the entries of the Distant Codec List as received by the MGW from the distant TFO Partner (see [10]). The Server then compares the Distant Codec List (H.248) with its previously negotiated Available Codec List (BICC). If the lists are not the same then an OoBTCCodec List Modification or Mid-call Codec Negotiation may be performed. If for a Single Codec information element in the TFO Package from the MGW to the Server the OM is set to "Optimization of the ACS not supported", then the offered ACS of the respective Single Codec information element shall not be changed during OoBTC procedures. 
If the TFO Status event is supported by the MGW and  has been configured by the MSC Server, the MGW shall return notification indicating whether a TFO link has been established or broken. The MGW should not report transient TFO status change.

*****  END OF THIRD CHANGED SECTION *****
*****  START OF NEXT CHANGED SECTION *****

5.6.2
Node originating the OoBTC codec negotiation

 The node originating the OoBTC codec negotiation shall implement the procedures described in Q.1902.4, subclause 8.3.1 [6]. Additionally, the following applies:

In UTRAN, GERAN Iu mode or GERAN AoIP mode, when constructing the list of codecs (and configurations for AMR or AMR-WB codecs) for the Supported Codecs List (BICC), the MSC Server should take the codec types and codec configurations supported by the RNC or BSC into account (see subclause 5.6.6 for UTRAN or GERAN Iu mode and section 5.6.x for GERAN AoIP mode). The MSC may include more than one Single codec element indicating the same codec type, but different configurations, in the Supported Codecs List (BICC) (see [5]).

NOTE: 
This may be necessary, e.g. if the RNC supports for an AMR codec different sets of codec modes, e.g., (a, b, c, d) and (e, f, g), which are not subsets of each other, and the RNC does not support combinations of these sets, e.g.  (a, b, c, d, e, f, g).

For AMR codecs the originating CN node shall use the "Optimization Mode" parameter in the Single Codec information element in the Supported Codec List (BICC) (see [5]) to indicate whether or not other nodes may change the offered ACS.

EXAMPLE:
An RNC implementing only the prioritised RABs for interoperability testing specified in [18] will support for the UMTS_AMR_2 codec e.g. the set of codec modes (12.2, 7.4, 5.9, 4.75), but none of its subsets containing 2 or 3 codec modes. If the MSC Server connected to this RNC includes the codec configuration (12.2, 7.4, 5.9, 4.75) in the Supported Codecs List (BICC), it will therefore set the OM parameter of the respective Single Codec information element to "Optimization of the ACS not supported".

For AMR codecs, if the OM is set to "Optimization of the ACS supported", the originating CN node shall indicate the maximum number of codec modes (MACS) that may be selected for the ACS during speech codec negotiation. This maximum number of codec modes may depend on optimization strategies applied by the originating CN node. The recommended value is 4 (see [10]).

For AMR-WB codecs the "Optimization Mode" is defined implicitly by the configuration parameter "Config-WB-Codec" in the Single Codec information element (see [5]). If for a configuration the OM is set to "Optimization of the ACS supported", then the configuration may be changed to any other allowed configuration specified in [5]. 

In order to support interworking with 2G systems it is recommended that MGWs support 2G codecs (GSM_HR, GSM_FR, GSM_EFR, PDC_EFR, TDMA_EFR). In order to avoid modifications during handover between 2G and 3G systems the MSC nodes may give preference to a suitable 2G codec.

Whenever one or several TrFO links have been already established and initialised, the CN node (e.g. the serving CN in case of Call Hold scenarios, the visited CN node in case of Call Forwarding scenarios, etc.) initiating a subsequent codec negotiation on a new call leg or a mid-call codec negotiation on an established and initialised TrFO link, should give the already negotiated Selected Codec (BICC), including its ACS, highest preference to reduce the probability of having to perform a bearer re-establishment or UP re-initialisation of the already established and initialised TrFO links.

*****  END OF FIFTH CHANGED SECTION *****
*****  START OF SIXTH CHANGED SECTION *****

5.6.4
Node terminating the OoBTC codec negotiation

The node terminating the OoBTC codec negotiation shall implement the procedures described in Q.1902.4, subclause 8.3.3 [6]. Additionally, the following procedures apply:

The terminating node shall process the Supported Codecs List (BICC) as described for the intermediate note in subclause 5.6.3.

In UTRAN, GERAN Iu mode or GERAN AoIP mode, when processing the codec types (and configurations for AMR or AMR-WB codecs) in the Supported Codecs List (BICC), the terminating MSC Server should take the codec types and codec configurations supported by the terminating RNC or BSC into account (see subclause 5.6.6 for UTRAN or GERAN Iu mode and section 5.6.x for GERAN AoIP mode). 

For the selection of the Selected Codec (BICC) from the Supported Codecs List (BICC), the following additional procedures apply:

If an adaptive multi-rate codec is selected, then the decision about the actual codec modes to be included in the selected ACS shall also be made by the terminating CN node. If the OM of the offered configuration is set to "Optimization of the ACS supported", the selected ACS may be different from the offered ACS, but it shall be a subset of the offered SCS and be consistent with MACS. 

In order to provide harmonisation of out of band codec negotiation (for TrFO) and inband codec negotiation (for TFO) similar codec type and codec configuration selection mechanisms as those being defined for TFO should be applied for TrFO (see [10]). 

NOTE:
For TrFO codec negotiation, besides the speech quality additional aspects may be considered which are not applicable to TFO, e.g. the location of the transcoder that may need to be inserted or possible bandwidth savings in the core network.

If an adaptive multi-rate codec is selected, the terminating MSC Server shall exactly specify the ACS in the Selected Codec (BICC) and set the OM to "Optimization of the ACS not supported".

In the Available Codecs List (BICC), sent back to the originating node, the terminating MSC server may include more than one Single Codec information element indicating the same codec type, but different configurations. Single Codec information elements for adaptive multi-rate codecs may also be included with the OM set to "Optimization of the ACS supported" and the ACS being a subset of the SCS.

According to Q.1902.4, subclause 8.3.3 [6], the terminating node shall include the Selected Codec (BICC) in the Available Codecs List (BICC). For AMR and AMR-WB codecs, the following applies:

If the Selected Codec (BICC) is an AMR codec, it shall be considered as included in the Available Codecs List (BICC), if the Available Codecs List (BICC) contains a Single Codec information element with the same codec type and

-
exactly the same configuration, i.e. the same ACS and the OM set to "Optimization of the ACS not supported"; or

-
the Selected Codec (BICC) is consistent with the Single Codec information element, i.e. the selected ACS is a subset of the SCS of the Single Codec information element, the Number of codec modes in the selected ACS is less or equal to the MACS parameter of the Single Codec information element, and the OM of the Single Codec information element is set to "Optimization of the ACS supported". 

If the Selected Codec (BICC) is an AMR-WB codec, it shall be considered as included in the Available Codecs List (BICC), if the Available Codecs List (BICC) contains a Single Codec information element with the same codec type and 

-
exactly the same configuration, i.e. the same the configuration parameter "Config-WB-Codec"; or
-
any configuration for which the OM is set to "Optimization of the ACS supported".
*****  END OF SIXTH CHANGED SECTION *****
*****  START OF SEVENTH CHANGED SECTION *****

5.6.6
Signalling between MSC and UTRAN or GERAN Iu-mode

The MSC Server shall know the codec types and codec configurations supported by the RNC. The MSC Server shall select only from these configurations for the RAB assignment.
For GERAN Iu-mode the MSC Server receives a list of codec types (for definition see [15]) as well as the supported codec modes (for an adaptive multi-rate codec type) within the RANAP INITIAL UE MESSAGE, indicating the GERAN capabilities, which will be available at the RAB establishment procedure. With this information the MSC Server shall delete those codec types and codec modes (for an adaptive multi-rate codec type) from the Supported Codecs List (BICC) which are not supported by the GERAN, taking into account the GERAN classmark and the MS capabilities. This possibly reduced list shall be used by the MSC Server during the codec negotiation procedure. The value of the maximum number of supported codec modes shall be set to 4 (see [10]).

When the MSC node requests a RAB assignment the Subflow Combinations provided shall either all be initialised by the RNC or all rejected with appropriate cause code. 

The MSC shall always assume "Discontinuous Transmission (DTX)" as mandatory and shall define “SID” SDUs in addition to the negotiated speech codec modes. This is because for TrFO the RAB requested by one RNC must match that requested by the peer RNC – they are effectively the same RAB. If one MSC requires DTX support then the RAB requested by the far end MSC must also support DTX (even if it is not desired by that MSC). As no Out Of Band negotiation for DTX is supported nor DTX control to the UE, DTX shall be mandatory for TrFO connections.

Once an adaptive multi-rate codec with an ACS has been selected as Selected Codec (BICC), the MSCs shall indicate in the RAB Assignment parameters [3] for the Guaranteed Bitrate the lowest speech mode in the ACS (assuming any SID frames are smaller than the SDU for lowest speech mode, otherwise the Guaranteed Bitrate shall be set to the largest SID frame). The Maximum bitrate shall correspond to the highest mode in the ACS.

5.6.y
Signalling between MSC and GERAN AoIP-mode
Editor's Note: Further work is required to specify handover cases for AoIP.
The MSC Server receives Supported Codecs List (BSSMAP) – BSC-SCL - containing a list of codec types (for definition see [15]) as well as the supported codec configuration (for an adaptive multi-rate codec type) within the BSSMAP COMPLETE LAYER 3 INFORMATION message, indicating the GERAN capabilities, which may be signalled by the MSC at Assignment procedure. With this information the MSC Server shall delete those codec types and codec modes (for an adaptive multi-rate codec type) when creating or receiving  the Supported Codecs List (BICC) which are not supported by the GERAN, taking into account the GERAN BSC-SCL and the MS capabilities. This potentially reduced codec list shall be used by the MSC Server during the codec negotiation procedure. 

During Assignment procedure, the MSC server shall take into consideration the Supported Codecs List (BSSMAP) to ensure that no codec is offered for the call that is not supported by the Supported Codecs List (BSSMAP) received from BSS.
In addition the BSC-SCL indicates if TFO can be offered for certain codecs, this may then be used by the MSC when PCM is selected over the A interface to create a structured codec list with Direct Codecs and Indirect Codecs as described in Clause 9.7.2.
*****  END OF SEVENTH CHANGED SECTION *****
*****  START OF FOURTH CHANGED SECTION *****
5.9
DTMF Handling For TrFO Connections

DTMF from the UE is sent via DTAP procedures out-band. For a TrFO call the Originating MSC shall use an out-band DTMF procedure, all CN nodes shall support this procedure in their call control protocol. The out-band DTMF procedure shall also be used when TrFO is not achieved in order that TFO is possible. Insertion of DTMF in the PCM payload can result in the break of the TFO connection.

For terminating calls DTMF may need to be received by the core network (for voice-prompted services, voicemail control procedures etc). If the DTMF is received out-band then out-band procedures shall be maintained in core network. 

If the DTMF is received for a TrFO call from an external network inband, in I.366.2 profile or RTP payload type, then the gateway MGW which interworks between Iu Framing and the external framing protocol shall report the DTMF tones via H.248 procedures to its server. The server shall then use out-band procedures to pass the DTMF through the CN. See Figure 5.9/1.

The same shall apply if a DTMF tone is received for a TrFO call from an external network inband in a PCM coded stream. The DTMF tone shall be detected by the MGW and reported via H.248 procedures to its server. In order to prevent duplication of DTMF tones due to subsequent PCM legs in the call, when encoding to compressed codecs the detected tones shall not be allowed to continue in the compressed stream; the DTMF Digits shall be deleted by the MGW before entering the speech encoding stage.

The MGW may also optionally pass DTMF inband where such an option exists for the Nb interface, and is supported by the proceeding MGW.

Transcoding to default PCM to send DTMF tones shall be avoided for TrFO connections.
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Figure 5.9/1:DTMF received inband from external network

5.x
Framing Protocol for GERAN AoIP mode

AoIP user plane does not use IuFP framing protocol or associated 3GUP procedures. Rate control procedures are performed within RTP. 

*****  END OF FOURTH CHANGED SECTION *****
*****  START OF EIGHTH CHANGED SECTION *****

6.12.3
Identification of data call at G-MSC using multi-numbering

If the called mobile subscriber is configured with multinumbering service, the GMSC may use the GSM Bearer Capability that may be received from the HLR during the Send Routing Information procedure to identify the requested service and select directly a codec transparent for data call. It may also pass the bearer capability information to subsequent nodes to allow them to select a codec transparent for data call as well (see 3GPP TS 29.007 [19]). This may be particularly usefull in configurations where the terminating MSC does not participate to the codec negotiation procedure, as illustrated in figures 6.12/1 and 6.12/2. 
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Figure 6.12.3/1.Use of the GSM Bearer Capability by TDM GMSC for incoming data call from PSTN
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Figure 6.12.3/2.Use of the GSM Bearer Capability by GMSC for incoming data call from PSTN

6.z
Mobile to Mobile TrFO Call Establishment in GERAN AoIP mode 
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Figure 6.z/1: Configuration during Call Setup of a Mobile to Mobile Call in GERAN AoIP mode
Figure 6.z/1 shows the configuration for mobile to mobile call establishment in GERAN AoIP mode.
Following network and protocol entities are involved in the scenario, outlined in Figure 6.z/1: 

BSC-T, BSC-O: terminating/originating BSCs.

MSC Server-T, MSC Server-O: MSC Servers, performing service, i.e. codec negotiation.
MGW-T, MGW-O: terminating/originating MGWs.

BSSAP, TICC:C-plane protocol incarnations, responsible for codec negotiation, controlling the respective interfaces (A, NC), creating, modifying, removing etc. terminations and contexts. 
NOTE: the following sequences are examples, further detailed call flows are described in TS 23.205 [6].
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Figure 6.z/2: Call Setup. Mobile to Mobile Call in GERAN AoIP mode. Message Flow part 1
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Figure 6.z/3: Call Setup. Mobile to Mobile Call in AoIP mode. Message Flow part 2
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Figure 6.z/4: Call Setup. Mobile to Mobile Call in AoIP mode. Message Flow part 3

Codec negotiation

Steps 1. to 8. give the codec negotiation phase. The BSCs inform the MSC servers their capabilities (1. and 5.). The mobiles inform the network about their capabilities (2. and 6.). The MSC-Server performs codec negotiation according to clause 5.6.

Assignment procedure
RAN side terminations have to be seized (9. and 17.) before sending Assignment Request message (steps 10. and 18.). Assignment Request message contains the MSC server preferred codec list. BSC retains the decision to choose the final codec for the radio access and informs the MSC server about the codec to be used in the radio access in Assignment Complete message. Step 20 may then be required to modify the selected codec (SDP) if different from the preferred codec included at step 17.
NOTE: 
The BSC should offer codecs that it can support for the call and should therefore under normal circumstances select the MSC preferred codec.
*****  END OF EIGHTH CHANGED SECTION *****
�PAGE \# "'Page: '#'�'"  �� Enter the specification number in this box. For example, 04.08 or 31.102. Do not prefix the number with anything . i.e. do not use "TS", "GSM" or "3GPP" etc.


�PAGE \# "'Page: '#'�'"  �� Enter the CR number here. This number is allocated by the 3GPP support team.  It consists of at least four digits, padded with leading zeros if necessary.


�PAGE \# "'Page: '#'�'"  �� Enter the revision number of the CR here. If it is the first version, use a "-".


�PAGE \# "'Page: '#'�'"  �� Enter the version of the specification here. This number is the version of the specification to which the CR was written and (normally) to which it will be applied if it is approved. Make sure that the latest version of the specification (of the relevant release) is used when creating the CR. If unsure what the latest version is, go to � HYPERLINK "http://www.3gpp.org/3G_Specs/3G_Specs.htm" ��� � HYPERLINK "http://www.3gpp.org/specs/specs.htm" ��http://www.3gpp.org/specs/specs.htm�.


�PAGE \# "'Page: '#'�'"  �� For help on how to fill out a field, place the mouse pointer over the special symbol closest to the field in question.


�PAGE \# "'Page: '#'�'"  �� Mark one or more of the boxes with an X.


�PAGE \# "'Page: '#'�'"  �� SIM / USIM / ISIM applications.


�PAGE \# "'Page: '#'�'"  �� Enter a concise description of the subject matter of the CR. It should be no longer than one line, but if this is not possible, do not enter hard new-line characters.  Do not use redundant information such as "Change Request number xxx to 3GPP TS xx.xxx".


One or more organizations (3GPP Individual Members) which drafted the CR and are presenting it to the Working Group.


For CRs agreed at Working Group level, the identity of the WG.  Use the format "xn" where �	x = "C" for TSG CT, "R" for TSG RAN, "S" for TSG SA, "G" for TSG GERAN; �PAGE \# "'Page: '#'�'"  ���	n = digit identifying the Working Group; for CRs drafted during the TSG meeting itself, use "P". �Examples: "C4", "R5", "G3new", "SP".


�PAGE \# "'Page: '#'�'"  �� Enter the acronym for the work item which is applicable to the change. This field is mandatory for category F, A, B & C CRs for Release 4 and later. A list of work item acronyms can be found in the 3GPP work plan. See �� HYPERLINK "http://www.3gpp.org/ftp/Specs/html-info/WI-List.htm" ��http://www.3gpp.org/ftp/Specs/html-info/WI-List.htm� .


�PAGE \# "'Page: '#'�'"  �� Enter the date on which the CR was last revised.  Format to be interpretable by English version of MS Windows ® applications, e.g. 19/02/2006.


�PAGE \# "'Page: '#'�'"  �� Enter a single letter corresponding to the most appropriate category listed. For more detailed help on interpreting these categories, see Technical Report �HYPERLINK "http://www.3gpp.org/ftp/Specs/html-info/21900.htm"��21.900� "TSG working methods".


�PAGE \# "'Page: '#'�'"  �� Enter a single release code from the list below.


�PAGE \# "'Page: '#'�'"  �� Enter text which explains why the change is necessary.


�PAGE \# "'Page: '#'�'"  �� Enter text which describes the most important components of the change. i.e. How the change is made.


�PAGE \# "'Page: '#'�'"  �� Enter here the consequences if this CR were to be rejected. It is mandatory to complete this section only if the CR is of category "F" (i.e. correction), though it may well be useful for other categories.


�PAGE \# "'Page: '#'�'"  �� Enter the number of each clause which contains changes.   Be as specific as possible (ie list each subclause, not just the umbrella clause).


�PAGE \# "'Page: '#'�'"  �� Tick "yes" box if any other specifications are affected by this change.  Else tick "no".  You MUST fill in one or the other.


�PAGE \# "'Page: '#'�'"  �� List here the specifications which are affected or the CRs which are linked.


�PAGE \# "'Page: '#'�'"  �� Enter any other information which may be needed by the group being requested to approve the CR. This could include special conditions for it's approval which are not listed anywhere else above.





_1187105450.doc


IAM (TMR= 3,1 KHz)







TDM







MGW







MGW







TSN







packet backbone







PSTN











IAM (TMR= 3,1 KHz,USI)







IAM (TMR= 3,1 KHz, 



         USI)







TDM



GMSC











TDM



















































TDM



VMSC











TSN







APM (selected codec  : G711)







IAM (codec list : G711, TMR= 3,1 KHz, USI )







PLMN
























_1281292229.doc


BSC-T











MSC-S-T







MGW-T







MSC-S-O







4. Paging, etc.















TICC







H.248







BSSAP







BSSAP































8. Bearer and Codec Information



    (codec x & ACS-x, avail.codecs)















BSSAP







H.248







7. Add.Req(T$)     







H.248







H.248







H.248























BSC-O







MGW-O











TICC







TICC











BSSAP











BSSAP











10. Assignment Req 



  (MSC preferred Codec List)







6. Direct Transfer (CALL CONF 



                 (codecs v,w,x))







13. Continuity







H.248







H.248







12. Mod.Res(T4)







MSC-S has to have static knowledge about codec capabilites of its MGW



















TICC







3. Initial Address (supp.codecs, fw.establish)







H.248































BSSAP



























BSSAP







BSSAP







2. Direct Transfer (SETUP (codecs x,y,z))







H.248







H.248







9. Add.Req(T$)







TICC







TICC











BSSAP















BSSAP







H.248







1. CL3 (CM Service request (Supported codec list(BSSMAP))















9. Add.Reply(T4)



















H.248







H.248







7. Add.Reply (T2)







H.248







14. Add.Req(T$)







H.248







14. Add.Reply(T3)







H.248











12. Mod.Req(T4)



























BSSAP







BSSAP







BSSAP







11. Assignment Complete



(BSC selected codec)







BSSAP







5. CL3 (Paging Resp (Supported Codec List(BSSMAP)))




















_1281292401.doc


RTP 



term.T







RTP 



term.O







 











T2



(Nb-CN)











MSC Server - T







BSC-T







T4



(RTP-RAN)







T1



(RTP-RAN)







BSC-O







MGW-T







BSSAP







interworking







MSC Server - O







TICC







BSSAP







interworking







TrF0 Relation between BSC-O ( BSC-T  (after call setup)















T3



(Nb-CN)











 







MGW-O







MC







TICC







BSSAP







BSSAP







MC







MC







MC







Nc







Nb







A







A







AoIP







AoIP
















_1281292264.doc


RNC-T











MSC-S-T







MGW-T







MSC-S-O























TICC







TICC







22. Adress Complete



















17. Add.Reply(T1)







H.248











H.248















H.248







23. Mod.Reply







H.248







H.248







23. Mod Req



       (T2 ringing)







BSSAP















H.248







17. Add.Req(T$)







BSC-O







MGW-O











BSSAP







BSSAP















TrCntrl















21. Direct Transfer (ALERTING)



























BSSAP







19. Assignment Complete



(BSC selected codec)











BSSAP











BSSAP







H.248



























H.248











16. Notify.Res(T2)







TrCntrl







15. Bearer Establish







































H.248







H.248







H.248











20. Mod.Res(T1)











TrCntrl







H.248







      18. Assignment Req 



 (MSC Preferred Codec List) 







H.248







20. Mod.Req(T1)











TrCntrl











15. Bearer Confirm











H.248







H.248















H.248























16. Notify.Req(T2)












_1187105500.doc






TDM







MGW







MGW







TSN







packet backbone







PSTN











IAM (TMR= 3,1 KHz)







IAM (TMR= 3,1 KHz,    



       , USI)















TDM



















































TDM



VMSC











GMSC







APM (selected codec  : G711)







IAM (codec list : G711, TMR= 3,1 KHz, USI )







PLMN
























_1278423823.doc


BSC-T







30. Mod. Req(T3)







MSC-S-T







MGW-T







MSC-S-O











26. Mod.Reply(T2)







30. Mod.Reply(T3)























H.248







H.248



















BSSAP











31. Direct Transfer (CONNECT)







TICC







BSSAP







BSSAP







24. Direct Transfer (ALERTING)











H.248







H.248























BSC-O







MGW-O







TICC







29. Answer







27. Mod. Req(T2)











H.248











H.248



















through connect











disconnect A from ringing tone/ announcement







H.248







BSSAP







32. Direct Transfer (CONNECT ACK)







BSSAP











BSSAP











H.248































BSSAP















































































TrFO operation BSC-T ( BSC-O















27. Mod.Reply(T2)







H.248







H.248







26. Mod. Req(T2)







BSSAP







25. Direct Transfer (CONNECT)











BSSAP







BSSAP







28. Direct Transfer 



               (CONNECT ACK)







through connect







H.248







H.248




















_1161523780.doc






MSC











UTRAN



































































Codec (Y -> Z)



















Codec (X -> Z)































































































TFO (Z)







TRANSIT







Codec Modify (Z)







Codec Modify (Z)







TFO Codec List�(Y, Z)







TFO Codec List�(X, Y, Z)











MGW











TSN







MGW







Supported Codecs List (BICC)�(X, Y, Z)











TSN







Selected Codec (X)







ISUP







Supported Codecs List (BICC)�(Y, Z)











MSC











UTRAN







Selected Codec (Y)







MGW











MGW







ATM / IP







ATM / IP







TDM







PLMN 1







PLMN 2







Optimal Codec�( Z)







G.711












_1187097897.doc






MSC







UMTS







RAN







MG







MG







TSN







MG







MSC







GSM







BSS







MS







GSM Codecs:







e.g. GSM FR, FR AMR, EFR







UE







Codec list: U-AMR, U-AMR2, PCM











Codec list: U-AMR, 



U-AMR2, PCM















Codec 







list







:U-AMR, U-AMR-2







Selected = PCM







Selected = PCM







Select U-AMR







PLMN 1







PLMN 2












_1161523695.doc






MSC











UTRAN



































































Codec (Y)



















Codec (X)



























































































































MGW











TSN







MGW







Supported Codecs List (BICC)�(X, Y, Z)











TSN







Selected Codec (BICC)�(X)







ISUP







Supported Codecs List (BICC)�(Y)











MSC











UTRAN







Selected Codec (BICC)�(Y)







MGW











MGW







ATM / IP







ATM / IP







TDM







PLMN 1







PLMN 2







TRANSIT







G.711












_1061819145.doc


MSC-A







GMSC-B







IN/Server-C







MGW-A







MGW-B







MGW-C







Voice







Platform







3GPP-CN







Terminating







Network







BICC-CS1







Network







I.366.2







PCM







AMR







AMR







Iu Framing







AMR







DTMF







DTMF







DTMF







DTMF







DTMF
















