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***** First change *****
3.2
Abbreviations

For the purposes of the present document, the abbreviations defined in GSM 01.04 and the following apply:

ACS
Active Codec mode Set

APM
Application Transport Mechanism

BC
Bearer Control

BICC
Bearer Independent Call Control

CC
Call Control

CCD
Conference Call Device

CFNRc
Call Forward Not Reachable

CFNRy
Call Forward on No Reply

EVS
Enhanced Voice Services

IN
Intelligent Network

IuFP
Iu Framing Protocol

MACS 
Maximal number of codec modes in the ACS 

OM
Optimization Mode

OoBTC
Out-of-Band Transcoder Control

QoS
Quality of Service

RAB
Radio Access Bearer

SCS
Supported Codec mode Set

TFO
Tandem Free Operation

TICC
Transport Independent Call Control

TrFO
Transcoder Free Operation

UP
User Plane

***** Next change *****
5.3
Media Gateway Control for Codec Handling

The general handling of MGW control procedures are detailed in [8]. Specific handling related to the control of the speech encoding is detailed in Figure. 5.3/1. The terms context, termination, streams and stream properties are described in the ITU-T H.248 "Media Gateway Control Protocol" [13].
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Figure 5.3/1. MGW control for speech codec

The handling of transcoding between one codec type (media stream property applied at one termination) and another codec type (media stream property at other termination) is a function of the MGW. The media stream property for Audio Codec Type is defined in Annex C of the ITU-T MGW control protocol, H.248.

If TFO-incompatible codec types are applied at different terminations of the same context, the MGW shall insert a transcoder. For the definition of TFO-compatibility between 3GPP codec types and codec configurations see [10], clauses 11 and 12. 

Between codecs of the AMR type, the MGW need not insert a transcoder, if the codec types are TFO- compatible according to [10], table 11-1, and 

-
the codecs use the same ACS; or

-
the ACSs are TFO-compatible and the use of codec modes is restricted to a common subset of the ACSs by means of maximum rate control. In this case the MGW shall coordinate the rate control request.

Between codecs of the AMR-WB type, the MGW need not insert a transcoder, if

-
the codecs use the same ACS; or

-
the use of codec modes is restricted to a common subset of the ACSs by means of maximum rate control. In this case the MGW shall coordinate the rate control request.

Between codecs of the EVS type, the MGW need not insert a transcoder, if

-
the codecs use the same ACS; or

-
the use of codec modes is restricted to a common subset of the ACSs by means of maximum rate control. In this case the MGW shall coordinate the rate control request.

Between codecs of the AMR-WB type and codecs of the EVS type, the MGW need not insert a transcoder, if

-
the codecs of the EVS family are operating in AMR-WB IO mode; and
-
the codecs use the same ACS or the use of codec modes is restricted to a common subset of the ACSs by means of maximum rate control. In the latter case the MGW shall coordinate the rate control request.

***** Next change *****
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 or EVS 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 or UMTS_EVS 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' (see 3GPP TS 28.062[10]). All the entries of the TFO Codec List (H.248) shall be used by the MGW as Local Codec List in the TFO in-band negotiation. 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' (see 3GPP TS 28.062[10]) as received by the MGW during TFO in-band negotiations. All the 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. 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.

***** Next change *****
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, AMR-WB or EVS 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 5.6.7 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]. 

Editor’s note: [EVSoCS-CT, CR 0130] The use of the "Optimization Mode" for EVS will be specified once SA4 has defined the Single Codec information element for EVS in 3GPP TS 26.103 [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. 
The creation of a "structured" Supported codec list shall be as described for SIP-I (see Clause 9.7.2).

NOTE:
The auxiliary payload types do not apply to BICC.

5.6.3
Intermediate node

An intermediate node taking part in an OoBTC codec negotiation shall implement the procedures described in Q.1902.4, subclause 8.3.2 [6]. Additionally, the following applies:

If a Single Codec information element for an AMR codec is included in the Supported Codecs List (BICC), with the OM set to "Optimization of the ACS not supported", the intermediate node shall delete the Single Codec information element

i) if the codec type is not supported; or

ii) if one or more codec modes of the offered ACS are not supported.

If a Single Codec information element for an AMR codec is included in the Supported Codecs List (BICC), with the OM set to "Optimization of the ACS supported", the intermediate node 

i) shall delete the Single Codec information element, if the codec type is not supported;

ii) shall delete codec modes from the offered SCS and ACS, if they are not supported. If the last codec mode is deleted from the offered SCS, the Single Codec information element shall be deleted from the Supported Codecs List (BICC);

iii) shall reduce MACS to a locally supported value, if necessary;

iv) may change the ACS to a different ACS within the offered SCS; and 

v) shall change the OM parameter from "Optimization of the ACS supported" to "not supported", if necessary.

NOTE: 
In interworking scenarios with TFO, step (iv) may prevent the establishment of an end-to-end tandem free and transcoder free connection; therefore, the intermediate node should not do this without a good reason. 

During the processing of a Single Codec information element of an AMR codec with the OM set to "Optimization of the ACS supported", the intermediate node may replace the original Single Codec information element by two or more new Single Codec information elements, which can be derived from the original Single Codec information element by the steps (i) to (v) listed above.

If a Single Codec information element for an AMR-WB codec is included in the Supported Codecs List (BICC), the intermediate node shall 

i) delete the Single Codec information element, if the codec type or codec configuration is not supported; or

ii) replace a Single Codec information element with configuration 1, 3, or 5 (see [5], table 5.7-1) by a Single Codec information element with configuration 0 and, optionally, another Single Codec information element with configuration 2 or 4, if configuration 3 or 5 is not supported.

Editor’s note: [EVSoCS-CT, CR 0130] The behaviour of the intermediate node when a Single Codec information element for an EVS codec is included in the Supported Codecs List (BICC) will be specified once SA4 has added the allowed configurations for EVS in 3GPP TS 26.103 [5].
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, AMR-WB or EVS 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 5.6.7 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, AMR-WB and EVS 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".
If the Selected Codec (BICC) is an EVS 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".
The creation of a "structured" Available codec list shall be as described for SIP-I (see Clause 9.7.3).

NOTE:
The auxiliary payload types do not apply to BICC.

***** Next change *****
5.8.1
Modification of Selected Codec

The codec modification procedures shall support the following changes:

i) change of the  codec type or codec configuration of the current Selected Codec (BICC) to another codec type or codec configuration within the Available Codecs List (BICC);

ii) modification of the Available Codecs List (BICC) according to subclause 5.8.2, (i) to (v), in combination with any change of the codec type or codec configuration of the current Selected Codec (BICC) to another codec type or codec configuration within the new Available Codecs List (BICC). The modification of the Available Codecs List (BICC) may include removal of the current Selected Codec (BICC) from the list.

The procedures described in Q.1902.4, clauses 10.4.1 to 10.4.3 [6] shall apply.

The new codec type and codec configuration may be selected freely from the Available Codecs List (BICC). For an AMR codec, AMR-WB or EVS codec, a codec configuration may be selected if it is considered to be included in the Available Codecs List (BICC) according to the criteria specified at the end of subclause 5.6.4.

For the coding of the new Selected Codec (BICC), the new Available Codecs List (BICC), and the new Codec (H.248), the same rules apply as specified in subclauses 5.6.4 and 5.6.5.

In Figure 5.8.1/1 and 5.8.1/2 the basic codec modification procedure is shown. This Figure is an example; the codec modification procedure may be initiated by any node within the call. 

Upon Reception of a Modify Codec message (action 5 and 9 in Figure 5.8.1/1), a server node shall check if the Selected Codec is altered according to the criteria above. If the Selected Codec is not altered, the procedures in Section 5.8.2 (Modification of the Available Codec List) apply, otherwise the server node shall send a “Reserve Characteristics” procedure to the attached MGW for the corresponding termination (action 6 and 10 in Figure 5.8.1/1

To perform a modification of the selected codec at an Iu interface, the MSC server shall send a “Modify Bearer Characteristics” procedure to the attached MGW (action 1 and 12 in Figure 5.8.1/1). Upon completion of the “Modify Bearer Characteristics” procedure, the server node shall send a “RAB Assignment Request” to the radio access network (action 2 and 13 in Figure 5.8.1/1). The MSC server shall then wait to receive a corresponding “RAB Assignment Response” message from the radio access network (action 3 and 14 in Figures 5.8.1/2 and 5.8.1/3) before continuing the modification procedure.

An MSC server shall use the “Reserve Characteristic” procedure for the termination towards the preceeding node (with respect to the Modify Codec message) to perform the necessary bearer level modification. The MGW shall respond for that termination with the “Bearer Modified” procedure to indicate that the possible bearer modification to increase bandwidth was successful. The MGW shall not wait until the Iu UP initialisation is complete before replying with the “Bearer Modified” procedure.  Each server shall not send forward the modify request to the succeeding node until the indication from its MGW that any necessary bearer level modification has been completed (BNC_Modified notification). The MSC server shall use the “Confirm Characteristics” procedure to confirm the modification at that termination.

An MSC server shall use the “Modify Characteristic” procedure for the termination towards the succeeding node (with respect to the Modify Codec message) to confirm the codec modification.

The specific handling of the Iu UP initialisation is described in Section 5.8.4.

Error Cases are described in Section 5.8.5.
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Figure 5.8.1/1: Codec Modification Control Procedures
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Figure 5.8.1/2: Codec Modification acknowledgement

***** Next change *****
Annex B (normative):
Wideband Speech Service

Support Of WB speech service

Several compatible Codec Types to enable wideband (WB) speech service are defined in 3G TS 26.103 v.5.0.0. Support of these Codec Typess by a UE is indicated to the MSC by inclusion in the Supported Codecs IE. Note, for GERAN there is also a specific classmark, which includes the radio access’ support of WB Codec Typess. Normal TrFO signalling shall apply, where wideband Codec Types may be given preference in the codec list if the wideband service is available to that user. 

Call Establishment

Where end-to-end TrFO cannot be achieved (e.g. the external network does not support OoBTC procedures) a decision whether to accept the WB codec type at the interworking point and transcode to  narrowband PCM (G.711) or to remove the wideband codec type from the codec list and only allow narrowband service to continue has to be made. The decision making factors are:

i) Is TFO supported? TFO allows the WB service to be negotiated inband and if successful allow end-to-end WB speech. 

ii) If TFO is supported then a NB speech Codec Type may be selected as the initial codec type. If the TFO inband protocol resolves that end-to-end WB speech is possible then mid-call codec negotiation/modification procedures shall be employed to switch to WB service. Alternatively if AMR-WB or EVS is proposed then codec modification will be required if TFO can be successful in NB but cannot be successful in WB. The decision on which Type to select initially should be based on the probability of acceptance of the service.

iii) Which WB Codec Modes shall be permitted? AMR-WB has 3 mandatory modes for all RANs (6.60, 8.85, 12.65) and 2 optional modes for UTRAN & GERAN-8PSK_FR (15.85, 23.85). If transcoding from a WB mode to G.711 then only narrowband speech quality will result. Therefore no gain is obtained by allowing the higher modes whereas additional radio access bandwidth is used.  

Editor’s note: [EVSoCS-CT, CR 0130] A description of the mandatory modes and of the optional modes for EVS will be added once SA4 has added the allowed configurations for EVS in 3GPP TS 26.103 [5].

iv) Decision rules for codec type selection and AMR-WB codec mode selection are described in TFO specification TS 28.062.

v) 
vi) Is charging applied to use of higher modes?

Note: 
Transcoding between WB source encoding and default PCM/G.711 provides similar quality (but no better) as would be achieved by NB source encoding. Thus in many cases avoiding modification back to NB codec (when TrFO cannot be achieved) is preferred. On the other hand the WB Codec Types require slightly higher bit rates and thus are slightly less error robust.

Handover between WB and NB speech

Handover of a successfully established WB speech call to a radio access that cannot guarantee the support of WB speech again requires a decsion whether to transcode or modify. 

If the call has been established end-to-end in WB TrFO, or end-to-end in WB quality including TFO links, then a modification to NB speech on the TrFO link may be preferrable – to avoid inserting of 2 transcoders (one transcoding between WB speech and NB speech). It depends on the possibility to get WB TFO support on that NB radio access. In general the same decision rules apply as for call establishment described above.

Interworking with external networks (PSTN/ISDN)

In ITU-T a WB speech codecalgorithm is defined based on the 3GPP AMR-WB codec algorithm: G.722.2. 

Note:
It is desired that all Codec Types based on that WB algorithm are exactly compatible with the 3GPP AMR-WB Codec Types to enable end-to-end WB speech between fixed and mobile. This means that all configuration parameters must be compatible, for example codec mode change in sending direction (encoder side) should adhere to the 40ms interval required for GERAN radio access.

Provided that G.722.2 is directly compatible interworking to external networks should indicate support for this codec type in the Supported Codec List when AMR-WB codec is received from the UE. Receipt of G.722.2 from an external network shall be translated to support of AMR-WB by the PLMN nodes.

Multi-party Calls

A decision whether to modify any WB legs to NB source encoding may be made based on similar decisions as for the call establishment when TrFO is not successful. 

Note:
The conference bridge is assumed to convert any WB call leg into NB speech. Calls established in WB that result in subsequent parties being joined in conference or calls being established toward a specific conference bridge will under the existing conferencing technology result in NB speech quality.

Lawful Interception

Lawful Interception of AMR WB speech service or EVS speech service shall be in accordance with clause 4.3.

***** End of changes *****
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