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1. Introduction
3GPP specifies AMR and AMR-WB as mandatory speech codecs for voice services in 3G networks. These codecs are also mandatory for 3GPP VoIP service that is specified within the 3GPP multimedia telephony via IMS. The ruling specification for the media handling and interaction is 3GPP TS 26.114.

However, introducing a new speech codec into a speech communications system may be problematic in some respects. One problem is that there is always an installed base of legacy equipment (both terminals and network infrastructure) that does only support the existing 3GPP codecs or just one of them, rather than the new codec. This may lead to interoperability problems in which communication between new and legacy equipment is not possible unless proper mechanisms are implemented in the system. Traditional ways to address this problem is the provisioning of transcoders in e.g. media gateways that translate between the new and the old coding formats, or the provisioning of the legacy codecs besides the new codec in new terminals that allows choosing the legacy coding format when a connection to a legacy terminal is established. This latter method requires that there is a capability exchange between the terminals prior to the actual speech connection that identifies the common codec that both terminals support. Within the IMS the session description protocol (SDP) is used to carry out this capability exchange.

In [1], we propose to enhance AMR-WB based wideband speech services by extending the current AMR-WB codec with new modes. This is possible to do in a way not jeopardizing currently deployed AMR-WB equipment while still making it possible to significantly enhance the performance of the codec in these new modes. In this document, we will show how it is possible to signal, and transport, new AMR-WB modes without jeopardizing current deployments and without causing interoperability issues between terminals and equipment supporting the enhanced AMR-WB based speech service and those merely supporting the existing legacy AMR-WB based speech service.
2. PS systems

The introduction of additional extensions to AMR-WB will have an impact on the User Plane transport formats used as well as the session negotiation (Control Plane) in CS and PS systems and between these. 
It is tempting just to use the additional, spare code points available in the frame type index and reuse the current RTP payload format on the IP User Plane. Similar extensions are possible in the CS framing formats.

But for the session negotiation mechanisms, such solutions could introduce complications due to the defined SDP rules for AMR-WB. One such example is that the current rules for SDP usage when negotiating AMR-WB mode usage states that if no specified modes are offered, all modes are believed to be supported. Hence, the interpretation of a lacking preferred mode-set in the SDP offer is that the offerer supports all available AMR-WB modes (although some services such as MTSI prefer a recommended mode-set even if the client supports all modes). While this is true for already deployed equipment, it assumes that the frame types 10 through 13 are not in use. If those frame types would be in use, this default assumption (i.e. no indicated mode-set ( support for all modes) would not be true anymore. So it is not simply possible to reuse and extend the SDP rules for AMR-WB.
The most straightforward way to cope with this problem is to define an extended version of AMR-WB as a new codec type, e.g. "Enhanced AMR-WB" (EAMR-WB). This new codec type would contain all currently defined modes of AMR-WB and in addition would add new modes, providing new functionality and performance beyond the current version of AMR-WB. This new codec type would be able to re-use the current AMR-WB payload format if deemed appropriate, but would not be forced to do so. The fallback in any handover scenario would always be possible and transcoding would not be necessary.
Extensions of existing speech codecs and then label them as new codec types has been done several times before in 3GPP. The AMR codec standardized in 1999 included the full EFR codec and then added new functionalities going beyond what the EFR codec could achieve. This has been a very useful mechanism to secure hand over performance between 3G and 2G systems. In 2004, 3GPP standardized the AMR-WB+ codec which contained all AMR-WB modes, but added functionalities providing stereo and transform coding operating modes, tailored for audio in general. In both these cases, an implementation of the extended codec could be reused also for sessions set-up for the respective older codecs. One implementation, support for both the old and the new codec, no interoperability problems and in-band operation to facilitate hand over between different access types.
When it comes to the session negotiation, the introduction of a new codec type in SIP/SDP is common practise and nothing new. The current mechanisms also in legacy equipment would already support such negotiations and as long as proper alternatives are offered which both the offerer and the receiver supports, a session could be set up anyhow.

	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=rtpmap:97 AMR-WB/16000/1

a=fmtp:97 mode-change-capability=2; max-red=220

a=rtpmap:98 AMR/8000/1

a=fmtp:98 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240


Figure 1. Example SDP offer including both AMR-WB and AMR-NB.
In figure 1, an example is shown where the SDP includes both AMR-WB and AMR-NB. The order of these two codecs states that if the receiver supports AMR-WB, the offerer would prefer to use that codec. If it doesn’t, the offerer is prepared to set up the session using AMR-NB.
In figure 2 below, an example is shown where a new codec type called EAMR-WB is introduced and offered in the SDP offer. In this example, the offerer supports all three variants of the AMR codec and prefers to use the EAMR-WB one. The same rules applies, the session will be set up using the best common denominator. In this example, the new codec type uses a new version of the frame type index in which code points 10 through 13 are used. The example also shows that the EAMR-WB codec supports super wide band (32 kHz sampling frequency) and stereo.

	SDP offer

	m=audio 49152 RTP/AVP 97 98 99

a=rtpmap:97 EAMR-WB/32000/2

a=fmtp:97 mode-set=0,2,4,7,10,11,12,13; mode-change-capability=2; max-red=220

a=rtpmap:98 AMR-WB/16000/1

a=fmtp:98 mode-set=0,2,4,7; mode-change-capability=2; max-red=220

a=rtpmap:99 AMR/8000/1

a=fmtp:99 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240


Figure 2. Example SDP including both EAMR-WB, AMR-WB, AMR-NB.

To summarize, extending AMR-WB with new modes is fully achievable within the currently deployed mechanisms for transport and signalling. Reuse of the payload format is possible as well as a reuse of the current signalling and negotiation mechanisms if a new codec type is introduced as has been done several times before in 3GPP with good results.
3. CS systems

The introduction of a new Codec Type, such as EAMR-WB, is common practise. It is - from a formal point of view - necessary for call records and charging purposes.

The new Codec Type does not only allow a clean Codec Negotiation end to end, but gives also all necessary freedom for the radio interface optimization (e.g. the extension of the current limitation in the Codec Mode Indication from 2 bits (4 code points) to 3 bits (4 more code points). The transport within GERAN and UTRAN is implementation specific; the transport on the open interfaces (AoIP and IuoIP) is flexible and uses existing RFCs (AoIP).

The inclusion of the existing AMR-WB modes into the new EAMR-WB allows the mentioned backward compatibility for all kinds of call setup and handovers between the accesses and systems.
4. Summary

This document has discussed the implications on interoperability and coexistence with legacy systems if AMR-WB is extended with new modes. As presented both in section 2 and in section 3, such extensions do not give any such problems. Currently deployed session negotiation mechanisms for both CS and PS can very well cope with an extension to AMR-WB given that the new extended codec is represented by a new codec type which includes both currently deployed AMR-WB modes as well as the extended, new modes. Further, we also point out that extending an existing speech codec with new functionalities and introducing a resulting new codec type have been done several times before in 3GPP with good results. 
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