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1	Summary
In this document we analyse the technical requirements detailed in TS 22.179 [1] related to the MCPTT codec and compare this with available information for the 3GPP AMR, AMR-WB and EVS codecs and the P25 and TETRA codecs. 
Following on from this analysis and the perceptual and high noise intelligibility results for the 3GPP codecs we see that there are significant performance benefits, in terms of intelligibility/quality, radio resource efficiency, bandwidth efficiency and error resilience with using the EVS codec and, with reference to the EVS Characterization TR 26.952 [5], that these benefits are provided with very modest increases in algorithmic complexity compared to AMR and AMR-WB. 
Given the requirements detailed in TS 22.179 [1], the EVS codec operating in its maximum supported audio bandwidth at each bit rate is therefore technically the most suitable codec for MCPTT and it is recommended that on this basis, EVS should be mandated for MCPTT. Clearly, when interworking with legacy 3GPP and public safety systems other codecs might be appropriate but such interworking is outside the scope of MCPTT for this release.
It should be obvious but worth restating that MCPTT is aimed at public safety employees who are reliant upon it for their communications on a 24/7 basis - often with their lives and those of others at stake. It would therefore, in the view of source, be a big mistake for 3GPP to mandate a codec for MCPTT with demonstrably second-rate (or worse) intelligibility or audio quality. 
Text for inclusion in the MCPTT TR 26.879 [2] is proposed.
2	Codec Requirements
TS 22.179 [1] includes several requirements related to the MCPTT codec and these may be summarized in three groups; Audio/Voice Quality (subclause 6.15.5), Ambient Listening (Subclause 6.16.2) and Noise Reduction (subclause 5.14). There are also implications on the codec choice by requirements such as Radio Resource Efficiency (subclause 6.15.6).
2.1	Audio/Voice Quality 
With regard to Audio/Voice Quality (TS 22.179 [1] subclause 6.15.5), several narrowband quality benchmarks, met by the P25 codecs and perhaps also the TETRA codec, should be surpassed. Whilst these benchmarks are expressed in terms of objective predictions of subjective MOS (ACR) test scores (Recommendations ITU-T P.862 and ITU-T P.863), it is well known that such techniques have shortcomings when comparing codecs of different technologies, not to mention codecs with different audio bandwidths. It is nevertheless clear that high audio quality is to be preferred. 
Interestingly there is no mention in TS 22.179 about requirements for speech intelligibility but it is quite obvious that for the MCPTT application, speech intelligibility is a key requirement. Neither audio quality nor intelligibility in noise is mentioned, apart from in the context of the inherent noise reduction capabilities of the coding algorithm. Again though, high quality and intelligibility in background noise would appear to be self-evident requirements.
2.2	Discrete/Ambient Listening and Remotely Initiated Monitoring
For Discrete/Ambient Listening (TS 22.179 [1] subclauses 6.16.1 & 6.16.2) and Remotely Initiated Monitoring (TS 22.179 [1] subclause 6.16.3) it is clearly desirable to encode the audio/speech signals present in the foreground and any background signal. 
These requirements clearly favour high quality audio codecs able to cope with non-speech signals. It also seems self-evident that wider audio bandwidths, able to capture more details, are to be preferred. It may also be preferred for noise suppression algorithms present in UE’s to be disabled in this application for optimum performance.
2.3	Noise Reduction 
From examination of the Noise Reduction requirements described in subclause 5.14 of [1] it is clear that the contributors to TS 22.179 wish to emphasize the inherent noise suppression capabilities of the low bit rate coding algorithms of P25 and TETRA. This emphasis, whilst one possible approach to the problem of background noise, is however in conflict with the requirements for high audio/voice quality and with the requirements for ambient listening which are best delivered by accurate rendering at the decoder of the input signal to the codec. 
[bookmark: _GoBack]3GPP is well aware of the need for high quality audio in the presence of background noise and, rather than rely on the inherent weaknesses of the coding algorithms, has developed and encouraged the adoption of adaptive noise suppression technologies in UE’s prior to the audio encoding stage to address these challenges. See [3] and [4]. As mentioned above though, a method of disabling the noise suppression algorithms present in the UE’s would be advantageous for the Discrete/Ambient Listening and Remotely Initiated Monitoring applications.
2.4	Radio Resource Efficiency
The requirement to make efficient use of radio resources (TS 22.179 [1] subclause 6.15.6) would suggest that the bit rate of the codec should be kept as low as possible whilst the quality criteria are satisfied. This requirement may also be interpreted as requiring high tolerance to frame loss in a packet-based system such as LTE.
2.5	Appraisal of the Available 3GPP Codecs and Codec Recommendation
It is clear from the performance analysis of the 3GPP codecs in subclause 5.1.1 (of [2]) that all modes of AMR above 7.2 kbps, all modes of AMR-WB and all modes and bandwidths of EVS exceed the quality of both the P25 and TETRA codecs. The EVS codec has been shown to outperform both AMR-WB and AMR in wideband and narrowband respectively for the reproduction of both speech and non-speech signals and it provides wider bandwidths; i.e. SWB and FB, for even better quality and intelligibility. In high noise environments, wider coded audio bandwidths have also been shown to provide better intelligibility.
For the ambient listening application, AMR and to a lesser extent AMR-WB, are restricted in their abilities to reproduce non-speech signals as were the P25 and TETRA codecs.
On the radio resource efficiency requirement, the EVS codec displays better quality than either AMR in NB or AMR-WB in WB for a given bit rate or alternatively achieves the same quality at lower bit rates. The EVS codec also provides significantly better frame erasure performance than AMR or AMR-WB.
From this examination of the codec requirements in TS 22.179 [1] it is clear that the most technically suitable single codec for MCPTT is the EVS codec operating in its maximum supported audio bandwidth at each bit rate. It fulfils all of the requirements for MCPTT and exceeds the performance of both the existing codecs used in P25 and TETRA by a significant margin and also those of the other two 3GPP codecs; AMR and AMR-WB. Its multi-bandwidth capability also permits interoperation with the PSTN and other narrowband systems as well as tandem-free operation with AMR-WB and ITU-T G.722.2 compliant systems when required. These quality benefits are also provided at modest increase in complexity over existing 3GPP codecs (See TR 26.952 [5] subclause 13.2).
Apart from when interworking with legacy 3GPP and public safety systems, which is outside the scope of this release, the EVS codec operating in its maximum supported audio bandwidth at each bit rate should therefore be recommended as the mandatory codec for MCPTT.
3	Text Recommendations
It is recommended that new subclauses 5.1.3.1 – 5.1.3.4 be added as follows and the other sub-clauses in 5.1.3 renumbered accordingly. References [3] & [4] should also be added. 
In addition subclause 5.1.5 should be renamed and the text added as follows.

5.1.3.1	Requirements on Audio/Voice Quality 
It is recommended that the text of Clause 2.1 of this contribution be included here. 
5.1.3.2	Discrete/Ambient Listening and Remotely Initiated Monitoring
It is recommended that the text of Clause 2.2 of this contribution be included here. 
5.1.3.3	Noise Reduction 
It is recommended that the text of Clause 2.3 of this contribution be included here. 
5.1.3.4	Radio Resource Efficiency 
It is recommended that the text of Clause 2.4 of this contribution be included here.
5.1.5	Solution Recommended Codec choice for MCPTT
It is recommended that the text of Clause 2.5 of this contribution be included here.
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