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Introduction

In SQ during SA4#80, the topic of EVS overload point was discussed as this is an important input to the ART_LTE work item. In fact, several acoustic specification points are meaningless without any overload point definition. We also want to avoid that the first commercial EVS-enabled terminals transmit speech an inappropriate level, creating a bad legacy to handle for subsequent terminals. Therefore it was found urgent to bring up this topic during the present meeting, hence the late submission.
It was reminded that already contribution S4-130128 [5] invited other contributions on this topic. During SQ at SA4#80 Sony was requested to submit the present contribution to trigger a timely conclusion on this important topic.
Summary
For any audio system, “head-room management” is important. Too little headroom (margin to amplitude saturation for nominal signals) obviously increases the risk of amplitude saturation while unnecessarily large headroom increases the risk of poor SNR etc.

For 3GPP narrowband and wideband, the gain structure is specified so that for the nominal case, a crest factor of 22.1 dB is accommodated. A nominal-level speech signal has little or even negative headroom which might be an overall wise trade-off for traditional NB codecs, an acceptable choice for AMR-WB but is it a good choice for EVS in super wideband mode?

If no dynamics processing is used, the present headroom causes saturation for some talkers and for ambient noise levels with peak levels of about 100 dBSPLpeak, under some assumptions, see Appendix. If transmission of very low frequencies is wanted, this concern is even higher.
The EVS codec’s expected wide dynamic range in the upper range of bitrates might not be fully utilized using the present approach.
Headroom in 3GPP narrowband and wideband services
The level presented to the encoder in a 3GPP conversational scenario is (indirectly) specified in acoustic specifications TS 26.131 (requirements) and TS 26.132 (test methods). The headroom is affected by two
 points:
· The sending loudness rating (SLR), which is calculated from sensitivities measured from the mouth reference point (acoustic) to a network point (electric). The SLR is linked to loudness by assuming typical speech spectra and typical human perception in a typical listening condition).
· The overload point of the codec. For 3GPP codecs so far, the “maximum load capacity” is 3.14 dBm0 (see TS 26.132 clause 5.2.1). In practice this means that a full-scale sinusoidal has an RMS level of 3.14 dBm0.
For calculation purpose; nominal speech level, nominal SLR (handset and headset mode) and a flat frequency response, will predict a speech level close to -16 dBm0. This accommodates speech of maximum ~22.1 dB crest factor (3.14 dBm0 + 3 – (-16)).
Real-world network levels could differ from this theoretical and nominal case (loud and soft talkers, speech dynamics throughout a conversation, talkers/language crest factor variations, how the terminal is used (distance to the mouth, angles etc), non-flat frequency responses etc). It is however clear that the present specifications provide limited headroom and the risk for saturation is high unless the terminal uses signal processing to counteract this issue.
The limited headroom might have been motivated for the AMR-NB codec’s limited dynamic range (to start with limited by 13-bit linear PCM input). The AMR-WB codec has dynamic range improvements but the headroom was kept (as a result of SLR method and requirements) which is practical (avoiding the need to convert levels when transcoding between NB and WB).
Headroom in 3GPP super wideband services

It is expected that for the higher bitrates of EVS, the codec dynamic range is superior to AMR-NB and AMR-WB. There is possibly room for specifying the system so that typical levels to the encoder, in terms of dBovl, are lower compared to NB and WB. The sensitivity at the receive side would need to be increased to achieve the same overall sensitivity.
Note that e.g. the G.722 wideband codec was defined to have an overload point of 9 dBm0 instead 3 dBm0, providing 6 dB more headroom for the same SLR (in the specification motivated by providing headroom for teleconferencing).
If the super wideband codec’s abilities in the low-frequency range shall be utilized in practice, the signal amplitude from background noise will be substantial in many cases. It has already been noticed in the Ext_ATS efforts where some low-SNR cases caused saturation when removing high-pass filters in the processing chain (even though the nominal level was here -26 dBovl rather than -22.1 dBovl).

While small saturations might have been acceptable for NB and WB, it might not be for high-quality SWB services.
Simplified illustrations
Comparing 3 dBm0 (used for AMR-NB and AMR-WB) and 9 dBm0, in a loud talker condition. Figures are drawn without the effect of a possible dynamic range controller.
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Figure 1 Overload point 3 dBm0 (red indicates loud talker)
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Figure 2 Overload point 9 dBm0 (red indicates loud talker)
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Figure 3 Overload point 9 dBm0 with limitation of acoustic level on the receive side (red indicates loud talker)
Some options

Note that the user experiences using options B and C are identical, it is merely a matter of how to handle it in specifications.
	Options
	
	Pros
	Cons

	A
	Keep the existing approach that typically gives a relatively small headroom

	Similarity with NB and WB. Simplifies transcoding (if ever  necessary) scenarios and simplifies switching between NB, WB and SWB modes.
	Loud talkers need to be limited on the sending side

	B
	Specify a different overload point in terms of dBovl for super wideband mode


	Similarity with other codecs such as G.722
	The dynamics on the sending side should be different for different EVS modes etc. Same for transcoders.

	C
	Specify different SLR and RLR for super wideband mode


	Consistent overload point with NB and WB
	SLR and RLR values would deviate from NB and WB. Issues with switching and possible transcoding between NB, WB and SWB need to be solved.

	
	
	
	


Regardless of the options above, we could also abandon the heritage from the analogue days (dBm0 and dBV) in favour of dBFS or dBovl.
Among these options, C can be dismissed as it is not an appropriate solution.
Levels for listening tests

Files for listening tests are typically prepared for an active speech level of -26 dBovl. This is 4 dB lower than the level predicted going into a 3GPP terminal’s encoder assuming nominal speech level, nominal SLR, flat frequency response. (This does not mean the -26 dB is a bad choice, it is just an observation.)
Listening tests are typically prepared so that -26 dBovl corresponds to 73 dBSPL (diotic) and 79 dBSPL (monotic) at ERP. On the other hand, for a realistic mobile-mobile scenario, for nominal SLR and RLR (sum = 10 dB for handset mode which is monotic) and flat frequency responses, the predicted level is ~82 dBSPL diffuse-field corrected. In the terminal case, the level is these days calibrated using HATS, for the listening tests, it might be a Type 1 ear simulator. The results are not easily compared since they are depending on the acoustic impedance relation between the headphone and the artificial ear.
But it appears the traditional listening test levels are on the low side for critical listening, especially considering use cases where the user raises the volume control, in many cases more than 10 dB “louder” than nominal can be reached. The preferred headphone listening level for portable music players is relatively high, which could also be considered for this type of codec.
Conclusions

The EVS codec overload point must be specified in some specification. Raising the overload point compared to the present AMR and AMR-WB 3.14 dBm0 would create more valuable headroom while it would trigger a need for smooth handling of different overload points when switching between EVS and other codecs, or between different EVS modes (to and from AMR-WB interoperable mode).

E.g., a UE or a transcoder, would preferably need to change its dynamic range controller behaviour depending on the overload point. For an overload point of ~3 dBm0, load talkers are either saturated or compressed by a dynamic range controller. For an overload point of e.g. ~9 dBm0, the compression knee can be raised so that load talkers come through more naturally. However, in actual implementations, a dynamic range controller on the receiving side might in any case be necessary since the reproducible acoustic level is limited, why the net result may in many cases be unchanged by using 9 dBm0 instead of 3 dBm0.
Incorrect implementations might also be a risk if deviating from 3 dBm0, considering experience with G.722.
Therefore, specifying an overload point of 3.14 dBm0 might be the most pragmatic option, even if it means that any increased dynamic range the codec can handle is not fully utilized.
Appendix
Calculation of network level
· For a narrowband SLR 8.0 dB and flat frequency response, the sensitivity is -13.55 dBV/Pa for all frequencies. (For handsfree cases an SLR of 13 dB is specified but as the speech level is expected to raised for these scenarios the network level is expected to be the similar as for handset mode.)
· With a speech level of -4.7 dBPa and assuming negligible energy contribution above 4 kHz, this corresponds to -4.7 + (-13.55) = -18.25 dBV which corresponds to -16.04 dBm0 (the conversion between dBV and dBm0 is here 2.21 dB).
This result is similar for wideband using the weighting factors 3GPP selected (from [1] Annex A) differences to narrowband are in the order of 0.5 dB.
Calculation of listening level:

· For a narrowband RLR 2.0 dB and flat DF-corrected frequency response, the sensitivity is 5.9 dBPa/V at DRP with diffuse-field correction, for all frequencies. (DRP to ERP is found in ITU-T P.57 [3], DRP to DF is found in P.58 [4] and loudness rating calculations are found in ITU-T P.79 [1])
· With a speech level of -16 dBm0, corresponding to -18.21 dBV, the acoustic level is -18.21 + 5.9 = -12.3 dBPa corresponding to 81.7 dBSPL, diffuse-field corrected.
Calculation of acoustic level at mouth reference point corresponding to full scale
· Nominal speech level -4.7 dBPa + 22.1 dB crest factor = 17.4 dBPapeak, equivalent to 17.4 + 94 = 111.4 dBSPLpeak
Calculation of acoustic level of the ambient noise corresponding to full scale
· For handset mode, a typical (varies with terminal design) acoustic loss from MRP to primary microphone location is 10 dB. Since the gain is set considering this loss the maximum peak level of the ambient noise is 111.4-10 = 101.4 dBSPLpeak. The effect of filters to correct for the frequency-dependant loss is not accounted for in this simple calculation.
Typical speech crest factors
· The file collection from ITU-T P.501 [2] was analyzed (totally 40 files from 10 languages). The peak level was compared to the P.56 active speech level. The histogram of crest factors is seen in Figure 1. The highest crest factor was 22.8 dB.
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Figure 4 Example of speech crest factors in dB (ITU-T P.501 files) in terms of difference between peak value and P.56 active speech level
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Figure 5 Dynamics overview [dBovl] with an example clean speech file including pauses (Male 2 from the Finnish P.501 files), adjusted for active speech level -22 dBovl (indicated in red). The peak level and smoothed level (100 ms rectangular window applied on the square of the sample values) are shown in blue. The green lines indicate an approximate limitation of linear PCM with 13, 14, 15 and 16 bits, for reference. Recording noise in the pauses is apparent while still being a very silent condition compared to many real-life scenarios. Slight saturation would occur if not prevented by dynamics processing. On top of this dynamics, many other factors can “eat” the headroom; loud talkers, speech dynamics throughout a conversation, talkers/language crest factor variations, how the terminal is used (distance to the mouth, angles etc), non-flat frequency responses etc).
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�  Also the weighting factors used in the SLR calculation could be discussed but as there was already in Release 8 a decision to use ITU-T P.79 [1] Annex A (rather than Annex G) for wideband, it is not expected that we would change this going forward. For super wideband, the loudness ratings used for wideband can likely be reused as the loudness contribution of speech components above 8 kHz is relatively small.
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