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Introduction

This contribution is a follow-up of [1] on the pre-/post-processing topic.
A brief summary of pre-processing steps used for AMR and AMR-WB is provided in Annex and used to propose a similar approach.

Besides, a definition of SNR is provided so as to discuss SNR values based on a common ground.

Proposed definition of SNR 
We propose below a general definition of SNR similar to [2], to be inserted in EVS-3:

The SNR is defined as the ratio between active speech level to weighted noise level; the actual weighting is specified in the test plan.
In [2] a form of A-weighting (actually modified in high frequencies) was used. Previous exercises (AMR, AMR-WB) suggest that an MSIN approximation could be used instead.

As explained in [3] and [4], the high pass pre-filter characteristic is applied before noise level determination in order to decrease the impact of bass-heavy noises, such as car noise.
The main advantages of the MSIN weighting for SNR computation w.r.t. A weighting are: 1) availability in ITU-T STL, 2) consistency with previous AMR and AMR-WB exercises (i.e. possible comparison of SNR values). Note that in any case the MSIN filter is only defined at 16 kHz and an extension to 32 kHz sampling would be needed.
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Figure 1. Comparison of MSIN and A weighting filter frequency responses.
Note: In AMR-WB test plans, it is pointed out that the weighting could be a psophometric filter such as ITU-T O.41 (defined initially for narrowband telephony – see FIGURE A.1/O.41). The A-weighting in [2] can be used as a form of psophometric weighting.
On prefiltering and speech/noise mixing
A brief summary of pre-processing steps used for AMR and AMR-WB is provided in Annex. It appears that the pre-processing has changed over different standardization phases. For EVS qualification, we propose here to reuse the principles defined in previous exercises with the following changes:
· Input signal at 48 kHz (decided at EVS SWG teleconf#11)
· NB mask for speech and noise: 2 options:

· Option A (derived from AMR characterization and AMR-WB):
MSIN combined with resampling based on SHQ filters

· Option B:
50-4000 Hz mask implemented with HP50/SHQ filters

Here it should be noted that some mobile narrowband UEs (based on AMR) exhibit some low frequencies in sending direction down to ~150 Hz, therefore the 200 Hz cutoff of MSIN might be seen as a little bit too high in frequency. A high-pass filter with a cutoff in between MSIN and HP50 would be desirable. If no alternative filter is proposed, a pragmatic approach would be to use MSIN for EVS qualification, noting this issue may be revisited in a later phase (e.g. selection).

· WB mask for speech and noise: 50-8000 Hz mask implemented with HP50/SHQ filters (instead of P.341)

· SWB mask for speech and noise: 50-16000 Hz mask implemented with HP50/SHQ filters  

· No rounding to 14 or 13 bits

For noisy speech, the pre-processing could be derived from the WB-7a P-doc (processing plan of AMR-WB), i.e. the same mask can be applied separately to speech and noise, the noise level being adjusted in a weighting domain. Note that, in AMR-WB phases, the noise mixing was done at 16 kHz (see for instance [4] for the AMR-WB qualification) with downsampling to 8 kHz for narrowband processing. The same approach could be used, as proposed in [5], using 32 kHz instead of 16 kHz; the main drawback is that the relative level of noise and overall active speech level will vary to some extent across bandwidths (NB, WB, SWB), but this approach is consistent with past exercises and avoids problems in case mixed bandwidth testing is needed. From a testing point of view, an alternative is to use a level normalization for speech/noise specific to each bandwidth (NB, WB, SWB) – the pre-processing would be specific to each experiment, assuming there is no mixed bandwidth test.
Unlike some other exercises, no post-normalization of noisy speech to -26 dBov was used for AMR and AMR-WB standardization. In [2], such normalization was used because the SNR (defined with A weighting) could reach lower levels (below 10 dB). For the SNR levels proposed so far for EVS (15, 20 dB), the impact of post-normalization may be neglected and this step may be skipped.

For speech experiments, it would be preferable to apply the concatenation after level normalization (per file or sample), as in AMR and AMR-WB standardization.

Conclusion

In this contribution, the preprocessing proposal in [1] is updated to accommodate for 2 options in NB. No specific postprocessing (frequency mask after decoding) is proposed. 
Furthermore, a SNR definition consistent with AMR-WB standardization and the more recent Ext_ATS activity is provided for inclusion in EVS-3. 
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Annex: Summary of pre/post-processing used for AMR and AMR-WB
Preprocessing for clean speech experiments:

	
	AMR selection
	AMR charac.
	AMR-WB qualif
	AMR-WB selection
	AMR-WB charac.

	Input sampling frequency 
	16 kHz
	16 kHz

	Prefiltering of speech
	M-IRS
	M-IRS / FLAT / MSIN
	P.341

	Equalization of speech level
	-26 dBov (P.56)

per file
	-26 dBov (P.56)

per file

	
	by LL
	by LL (Each listening laboratory has the responsibility to pre-process the speech samples it provides to the host laboratory)

	Output sampling conversion & rouding
	downsampling with G712 filter

& 16->13 bit conversion
	downsampling with G712 filter (if MIRS) / HQ2 filter (FLAT or MSIN)

& 16->13 bit conversion
	16->14 bit conversion




Preprocessing for mixed content & music experiments: N /A
Preprocessing for noisy speech experiments:

	
	AMR selection
	AMR charac.
	AMR-WB qualif
	AMR-WB selection
	AMR-WB charac.

	Input sampling frequency 
	16 kHz
	16 kHz
	Same as selection

	Prefiltering of speech
	FLAT
	MSIN
	P.341
	

	Prefiltering of noise


	average GSM Noise transfer function and then FLAT
	MSIN
	P.341 
	

	Equalization of speech level
	-26 dBov (P.56)

per file
	-26 dBov (P.56)


	-26 dBov (P.56)


	

	
	by LL
	by LL
	by LL
	by LL
	

	Equalization of noise level
	-41 dBov (rms) 
	-41 dBov (rms) for Street, Car

-45 dBov (rms) for Office
	process unfiltered noise by MIRS send

& apply gain F in dB
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where R is the R.M.S. signal level of the M-IRS filtered noise signal expressed in dBov; S is the target SNR in dB.
	process unfiltered noise by GSM1 

& apply gain F in dB
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where R is the R.M.S. signal level of the MSIN filtered noise signal expressed in dBov; S is the target SNR in dB.
	

	
	by HL
	by HL
	by HL
	by HL
	

	Noise types
	Street, Car

(4 different segments)
	Street, Car, Office

(4 different segments)
	Street, Car
	Street, Car
	Car, Office, Street, Cafeteria

	SNR
	15 dB
	15 dB (Street, Car), 20 dB (Office)
	15 dB
	15 dB
	10 dB (Car), 15 dB (Car, Street, Cafeteria), 20 dB (office)

	Mixing
	add tool, with expert control of clipping (16 bits)
	add tool & clipping to 16 bits at 16 kHz
	
	
	

	
	by HL
	by HL
	
	
	

	Output sampling conversion / rounding
	downsampling with HQ2 filter

& 16->13 bit conversion
	16->14 bit conversion
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