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1 Introduction

The current study item on enhanced voiced service requirements for EPS has generated much discussion on the topic of interoperability between new codecs and legacy codecs. The WID specifically states, “…it is essential to consider interoperability and cost aspects related to legacy services and legacy network deployments” [1]. At the last SA4, progress was made on only one section of the draft of TR 22.813, namely “Backward Interoperability”, and the preceding SA1 had provided service requirements only on this topic and no others. Thus, although the above statement in the WID occurs only in the justification section, it has become clear that interoperability is a significant concern to EVS SWGs in both SA1 and SA4. 

This contribution discusses interoperation, codec negotiation, and backward interoperability in the hope of clarifying these issues as they pertain to the current study item. Specifically, it is intended to show that interoperation is a matter more of system design and signalling and not one of codec design. Consequently, prior to setting codec requirements for interoperation, strong justification for such requirements is needed.
2 What Is Interoperation?

There are only two ways for terminals to successfully interoperate during a voice call: 

1. Interworking Function (IWF)

An intermediary device or network entity transforms each codec's format to a format that is understood by the other, commonly known as "transcoding". 

2. Transcoder Free Operation (TrFO)

No intermediary device or network entity is needed. In this case, signaling successfully negotiates a codec and format that is mutually agreed upon by the UEs.
The term “bitstream interoperable” is confusing.  Most importantly, though, is that bitstream interoperability is not mutually exclusive with codec negotiation.  Even if codec A is bitstream interoperable with codec B, codec negotiation is still required for a terminal supporting only codec A to interoperate with a terminal supporting only codec B.  The terminals must signal their desire/intent to use these codecs, and the negotiation must result successfully in an agreement to use one, and only one, of these codecs.  In this case, one of the terminals must therefore be configured to masquerade as if it supports the other terminal’s codec.  Thereafter, communication can be transcoder free. Put simply, bitstream compatibility in no way removes the need for negotiation.
The need for negotiation, regardless of bitstream interoperability, immediately suggests a problem with Section 7.1.6 in the draft of TR 22.813.  The section starts by stating two methods for achieving interoperability – “the use of existing 3GPP codecs” and “bitstream interoperability.”  The following sentence states that “Interoperability can also be achieved through negotiating the use of existing 3GPP codecs previously defined for voice services.”  This suggests that codec negotiation is an alternative to the other methods.  To the contrary, negotiation is necessary for both of the methods to be successful.
3 Legacy Support in EPS terminals

AMR is required for all 3GPP terminals supporting Releases prior to Release 9. Starting with Release 7, AMR-WB is required for terminals offering wideband speech communication [2]. 

If we consider the fact that current 3GPP terminals continue to support GSM, it is safe to expect that Release 9 terminals generally will continue to support GSM and earlier releases for some time to come.  Therefore, codec requirements from previous releases also apply to these new terminals.
4 Codec Negotiation 

For the purposes of illustration, this following discussion assumes that a new voice codec for EVS is standardized by 3GPP, hereafter referred to as "the EVS codec." 

4.1 Release 9 terminal interoperating with a pre-release 9 terminal

If a Release 9 terminal calls a pre-Release-9 terminal, the newer terminal can offer the legacy codecs and the EVS codec if it supports it. In this case, the pre-Release-9 terminal – having no knowledge of the EVS codec – will respond by accepting one of the legacy codecs, and TrFO communication will be successfully established using the preferred legacy codec.
Likewise, if the pre-Release-9 terminal initiates the call, it will offer only the legacy codecs and the Release 9 terminal will respond by accepting one of these legacy codecs. A TrFO call is thus established using the legacy codec.
In either variation of this scenario, TrFO interoperation is achieved with a legacy codec since one of the terminals does not support the EVS codec.
4.2 What is bitstream interoperability?

The term “bitstream interoperable” is ambiguous.  It suggests that two codecs are able to interoperate without any interworking function or transcoding.  With this interpretation, a codec is naturally bitstream interoperable with itself.  Furthermore, a codec may be bitstream interoperable with a different codec.  This latter meaning – regarding interoperability with a different codec – is probably the more commonly intended meaning with the use of this terminology.
Even in the case of a UE supporting a new codec which is bitstream interoperable with a legacy codec, the UE must be configured so that the new codec masquerades as the legacy codec for the purpose of negotiation.  Otherwise TrFO is not possible since the UE with only the legacy codec is unaware of the new codec’s identity.  In this case, the masquerading codec is simply an alternative implementation of the legacy codec.  This brings us full circle back to a UE that is supporting the legacy codec.  Therefore, to require bitstream interoperability with a legacy codec is equivalent to requiring the legacy codec.  In the case of 3GPP, requirements for legacy codecs are set by the requirements of prior releases, so requiring bitstream interoperability is redundant and is only a question of how legacy codec support is implemented.
Section 7.1.6 of the draft of TR 22.813 lists two methods for interoperation -- namely, “use of existing 3GPP codecs” and “bitstream interoperability.”  However, based on the discussion here, there is no difference between these two methods (except possibly in the implementation). 

5 Conclusions and Proposal
Interoperation of two terminals can only be achieved through interworking (transcoding) or transcoder free operation.  Further, TrFO through bitstream interoperation still requires codec negotiation.
In 3GPP, requirements already exist for pre-release-9 codecs, and the selection of a new codec for enhanced voice services does not impact those requirements. Bitstream interoperability is fully redundant with these requirements. 

TrFO interoperation for voice calls depends solely on already existing SA4 requirements and proper signaling for codec negotiation.  It is therefore beyond the scope of the EVS work item.  Furthermore, section 7.1.6 of the draft TR 22.813 is misleading and inaccurate as detailed above.  We therefore propose replacing the content of Section 7.1.6 in the draft of TR 22.813 with the simple statement that “Transcoder free interoperation is preferred over interworking or transcoding.”  This change is shown in the copy of Section 7 of that document below.

<======== Proposed Changes to TR 22.813 ============>
7
High level technical requirements on voice codecs
This section gives the high level technical requirements for EPS's codec(s) derived from the system and service requirements defined in section 6.
Editor's note: In the below, high-level technical requirement topics are listed. This list is not exclusive.

[Editor's note: this work will be done by TSG SA4 experts]
7.1 Design constraints

7.1.1 Audio bandwidth

7.1.2 Number of audio channels

7.1.3 Bit rates

7.1.4 Algorithmic delay

7.1.5 Complexity

7.1.6 Backward interoperability

Transcoder free interoperation is preferred over interworking or transcoding.

· 
· 
· 


7.2 Performance requirements

7.2.1 Voice quality

[note: this will cover 

· clean 
· background noise
· various input levels

]
7.2.2 Quality for mixed content and music

7.2.3 Robustness to packet loss delay jitter

7.3 Transcoding performance

The quality degradation due to transcoding and the additional delay implied by it shall be as limited as possible.

Editor’s note: The above sentence to be elaborated subject to input to SA4#51.
Transcoding quality shall be better than for existing 3GPP codecs. Possible transcoding configurations are self-tandemings and tandemings with existing 3GPP codecs.

Editor’s note: Transcoding can be avoided through negotiating the use of existing 3GPP codecs previously defined for voice services.
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