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Introduction
The aim of ETSI work item DTS/STQ-232 is the development of a predictive model for ITU-T P.835 [1] listening tests for super-wideband (SWB) and full band (FB). The basis for training and validating such a model are auditory listening test databases. For this purpose, a pool of auditory listening test databases must be collected to provide as widely-spread and reliable data as possible. In addition to the three experiments presented in [2], this contribution presents results of a new auditory test, which was created according to the guidelines of [3]. Since a lot of databases presented in the DTS/STQ-232 / DESUDAPS work item seem to miss sufficient amount of conditions for high speech distortions (SIG scale), the main focus of this database was to cover also this low quality region.

Processing of listening test material
Since currently no SWB or FB devices are commercially available, sound files have to be created mainly with offline processing for an auditory evaluation. However, for the creation of auditory test databases, these simulated files should be as realistic as possible. The following sections describe the workflow of the recording and processing procedures.
German FB Speech Material
In [2], a new German full-band speech sequence was presented. The samples are arranged into a playback sequence as shown in Figure 1. In the beginning, initial silence of 10.0s is followed by four samples (one sentence of two male and female talkers, centered in a 4.0s window), intended for convergence of the noise suppression algorithm. After another silence period of 4.0s, the main sequence includes 32 samples (4 male and 4 female talkers, 4 samples per talker). Before inserted into the sequence, each sample was individually calibrated to -4.7 dB Pa active speech level. Finally, 4.0s of trailing silence is added.
	[image: ]

	[bookmark: _Ref459798796]Figure 1: German FB sequence



Recording Procedure
All recordings for the auditory tests were first captured acoustically with a mockup device and then processed offline. The mockup is intended to be comparable in size to a state-of-the-art smart phone. Multiple microphones are available for multi-channel recordings. It can be mounted to an artificial head with a handset positioner or used in handheld hands-free mode. All microphones are calibrated in order to maintain realistic absolute level as well as differences between all inputs.
An illustration is provided in Figure 2. The main microphone on the front side of the mockup is located in the middle position (Mic 2). For the usage of two-channel-recordings in noise reduction systems, the outer backside microphone (Mic 7) was chosen as the secondary microphone.
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	[bookmark: _Ref430354724]Figure 2: Mockup device (front/back)
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	Figure 3: Mockup mounted in handset (left) and handheld hands-free (right) mode



For the database presented in this contribution, the mockup was mounted in standard handset position (HS) and handheld hands-free (HF) mode with a distance of 30cm between primary microphone and lip ring of the artificial head and torso simulator (HATS). The speech sequence presented in the previous section is played back with an active speech level of -4.7dB Pa + 3.0 dB = -1.7dB Pa in HS mode (additional gain as an approximation of the Lombard effect in noisy environments). In HF mode, an extra gain of +3.0 dB (+1.3dB active speech level in overall) was applied in order to address human behavior in hands-free communication situations.

Background Noises
A background noise reproduction system according to ETSI TS 103 224 [4] was used for the recordings. This system allows sound field reproduction for handset and hands-free environments. In the current database, the noises of Table 1 were used in both HS and HF mode.

	ID
	Description
	Filename according to ETSI 103 224

	
	
	Handset
	Hands-free

	0
	Silence
	–
	–

	1
	Cafeteria
	Cafeteria_handset
	Cafeteria_handsfree

	2
	Crossroads
	Crossroadnoise_handset
	Crossroadnoise_handsfree

	3
	Full-size Car 130 km/h
	FullSizeCar_130_handset
	FullSizeCar_130_handsfree

	4
	Pub
	Pub_handset
	Pub_handsfree

	5
	Road
	Roadnoise_handset
	Roadnoise_handsfree

	6
	Train station
	TrainStation_handset
	TrainStation_handsfree


[bookmark: _Ref430355643]Table 1: Background noise used for recordings

Note: Silence condition was just recorded for purpose of level calibration of the processed files and was not part of the auditory experiment.
Noise Reduction
According to the description in section 2.2, the mockup recordings were conducted with a 2-channel microphone setup, which is needed for typical state-of-the-art noise suppression algorithms. In order to simulate such modern signal processing of a mobile phone, several 2-channel noise reduction algorithms were applied. Table 2 gives the labeling of the methods used, depending on the application (HS/HF). 

	ID
	Setting Title
	Comment

	1
	HS1
	Only for handset mode

	2
	HS2
	Only for handset mode

	3
	HF1 
	Only for hands-free mode

	4
	HF2
	Only for hands-free mode


[bookmark: _Ref459805029]Table 2: Labels for the different noise suppression methods
Note: The applied algorithm settings do not necessarily represent a certain degree of noise suppression (like “soft” vs “aggressive” as in previous work). Both methods were selected in order to achieve a suitable trade-off between preserving a certain amount of the speech signal and introducing a noticeable amount of speech degradations. The modes HS1 / HF1 (or HS2 / HF2) are also not related to each other.
The auditory results of the different settings are analyzed in detail in the next chapter.
Codec
Finally, all processed recordings were first encoded and then decoded offline with EVS-SWB (fixed point version, Windows command line binary). Two bit rates of 13.2 and 24.4 kbit/s were arbitrarily chosen for this evaluation. For the export of signals to digital 16-bit linear representation, an overload point of 3.0 dBm0 was chosen. Since only SWB should be regarded, an internal codec sampling rate of 32 kHz was selected.
The command line calls for encoding / decoding are given by:
EVS_cod.exe -max_band SWB 13200 32 uncodedInput.pcm tmpEncoded.cod
EVS_dec.exe 32 tmpEncoded.cod codedOutput.pcm
Level calibration and sample selection
In overall, 48 test conditions were obtained with the processing chain described above:
· 6 background noises
· 2 application modes (HS/HF)
· 2 noise reduction settings
· 2 codec bit rates

When processing the acoustically captured recording by the noise reduction algorithms, the absolute level information is lost, i.e. a re-calibration to a desired active speech level of 73 dB SPL according to [3] is necessary. As mentioned before, also the silent condition was recorded and processed by the noise reduction systems and coding/decoding procedure. For each mode, noise reduction setting and codec bit rate, the difference in active speech level between the silent condition and the target level of 73 dB is determined. This offset is then applied on all background noise conditions which include the same mode / noise reduction setting / codec bit rate.

Similar as in the database presented in [5], a reduced number of six samples per condition was used in the evaluation. To include as many different samples as possible in the whole database, a shuffling of samples according to the scheme shown in Table 3 is used.

	Condition
	Talker

	
	M1
	M2
	M3
	M4
	F1
	F2
	F3
	F4

	C01
	S1
	S1
	S1
	---
	S1
	S1
	S1
	---

	C02
	S2
	S2
	S2
	---
	S2
	S2
	S2
	---

	C03
	S3
	S3
	S3
	---
	S3
	S3
	S3
	---

	C04
	S4
	S4
	S4
	---
	S4
	S4
	S4
	---

	C05
	S1
	S1
	---
	S1
	S1
	S1
	---
	S1

	C06
	S2
	S2
	---
	S2
	S2
	S2
	---
	S2

	…
	
	
	
	
	
	
	
	

	C48
	---
	S3
	S3
	S3
	---
	S3
	S3
	S3

	R01
	S1
	S1
	S1
	---
	S1
	S1
	S1
	---

	…
	
	
	
	
	
	
	
	

	R12
	---
	S4
	S4
	S4
	---
	S4
	S4
	S4


[bookmark: _Ref459811650]Table 3: Sample distribution per condition
At least for the 48 test conditions, a fully balanced distribution of all 32 samples is provided with this method. For the residual 12x6=72 reference samples, only an even distribution across the talkers, but not on the sentences can be obtained (9 samples per talker within the reference conditions).

Despite the applied level compensation, several conditions clearly missed the target active speech level of 73 dB due to the quite aggressive noise reduction settings. Since no further noise-dependent gain control was applied to the noise reduction output, an additional gain was added to most conditions based on the following principle:
· With support of the clean speech signal, signal-to-noise ratio (SNR), pure speech level (S) and (A-weighted) noise level (N) was roughly estimated for each of the six samples in one condition.
· For each condition, the average speech level (S_avg) is determined.
· For each condition, the maximum A-weighted noise level (N_max) is determined
· If S_avg is higher than (73 – XS) dB SPL, no further level correction is applied. The threshold XS was set to 3.0 dB. This refers to a boundary active speech level which provides sufficient speech loudness (and should also be easily taken into account by prediction models).
· If S_avg is lower than (73 – XS) dB SPL, a correction factor C1 = 73.0 – XS - S_avg is determined for these conditions. This correction amplifies the signal in order to provide a minimum active speech level.
· To avoid unreasonable residual background noise level, another correction factor C2 = 73.0 – XN – N_max is obtained (XN = 3.0 dB). This factor describes which amplification could be made before a maximum noise level is reached.
· The overall correction factor C = min(C1, C2) is a trade-off between amplifying the signal towards target active speech level on the one hand, but does also care about the maximum noise level at the same time.
· The factor C is applied to all samples of these conditions which require additional level compensation.

With this method, 35 of 48 test conditions were additionally scaled by correction factors between +0.3 and +14.7 dB (+5.7 dB on average). Figure 4 shows a histogram of the correction values (only for the 35 conditions which require compensation).
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	[bookmark: _Ref460083851]Figure 4: Distribution of correction factors




Auditory results
In overall, 32 normal-hearing naïve test subjects participated in the auditory test. Each participant listened to 180 samples (three balanced blocks containing 60 samples each) within one test session which results in 16 votes per sample and 96 votes per condition.
S-MOS vs. N-MOS
Similar as in other reports on P.835 databases, the distribution of SIG vs. BAK respectively S-MOS vs. N-MOS is a first indicator for the quality ranges which are covered by the auditory test. Figure 5 illustrates the per-condition results on a scatter plot. The error bars indicate 95% confidence intervals calculated according to [6].
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	[bookmark: _Ref459815181]Figure 5: Auditory listening test results S-MOS vs. N-MOS



In contrast to several other databases presented within STQ-232 / DESUDAPS work item, S-MOS and N-MOS seem to be quite correlated in this experiment. Conditions with high SIG / low BAK score and vice versa can only be found in the reference conditions (red dots in Figure 5). 
Differences in codec bit rates
In order to evaluate the impact of the codec bit rates on the auditory scores, Figure 6 provides a comparison between both rates used in the evaluation. For all conditions, each processing before applying coding/decoding procedure is included in the database, 24 comparisons between the bitrates can be conducted.
The scatter plots indicate that the auditory results for S-MOS, N-MOS and G-MOSx scale are highly correlated and do not significantly differ from each other. Since a pair of two conditions could include different samples and thus sample-dependent degradations, ANOVA p-values are provided for proofing or refusing significance of equality.
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	[bookmark: _Ref459815767]Figure 6: Scatter plot for codec bitrates



Differences in noise reduction settings

Similar as for the bit rates, also the different noise reduction settings can be evaluated. Figure 7 and Figure 8 again show the auditory results on a scatter plot. In some cases, the p-values indicate that there might be significant differences in the results (S- and N-MOS for handset and hands-free). For handset settings (HS1, HS2) these differences seem to be explicable due to a linear shift (see mapping in Figure 7). Results for G-MOS also show a similar shift, but here significant differences are indicated by p-value.
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	[bookmark: _Ref459817369]Figure 7: Scatter plot for noise reduction settings (handset)
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	[bookmark: _Ref459817371]Figure 8: Scatter plot for noise reduction settings (hands-free)



For the hands-free mode, both settings provide significantly different scores for S- and N-MOS, but again without much practical relevance since the differences are rather small. This is also illustrated by comparing the results to the green lines in the graphs, which indicate an (arbitrarily chosen) +/- 0.5 MOS difference. Almost all conditions are located within this tube line.
A possible but misleading conclusion could be that the different noise reduction settings might be redundant, especially for the hands-free case. But in contrast, even if both settings would lead to identical speech processing and similar sounding signals, each condition has a unique “finger print” due to the unevenly shuffled samples across the experiment.

Reference Conditions
The reference conditions used in this experiment were created according to the guidelines described in [3], but with additional per-sample correction to 73 dB SPL active speech level. Even though Figure 5 already provides some auditory results for the reference conditions, Figure 9 provides some more detailed insight. Here also the results of three auditory databases which were previously reported [2] by the source as well, are repeated.
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	[bookmark: _Ref459819022]Figure 9: Reference conditions



The obtained SIG score for R06 (highest speech degradation) equals 2.83 MOS. Even though also other sources reported problems with this reference condition, the difference compared to previous experiments is significant here. This indicates that the experiment included a reasonable amount of strong speech degradations across the conditions (28 test conditions were judged worse than reference R06).

Conclusion
This contribution presented design and results of an additional auditory experiment for the DESUDAPS / DTS/STQ-232 work item which could be used either for training or validation purposes. The focus here was to create samples and conditions with low SIG judgement, i.e. high distortions without destroying too much speech. Two acoustic application modes (handset / hands-free), six background noises, two noise reduction settings and two codecs were applied in order to cover a wide range of use cases. The presented evaluation of the auditory experiment confirms that the target of low SIG judgements was reached.
The auditory results of the test conditions show that SIG and BAK ratings are fairly correlated and thus some “orthogonal” conditions are missing in this database. However, these are covered by the reference conditions in this evaluation and are also present in other databases. In consequence, this seems not to be a problem in the context of predicting scores of this experiment.
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