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ABSTRACT: ETSI TC STQ Work item DTS/STQ-232 will produce a predictive model for P.835 listening tests in super-wideband and full band. To train and validate this predictive model, multiple subjective listening databases will be needed. This contribution presents results of three auditory tests, which were developed for this purpose. This activity is closely linked to the 3GPP work in DESUDAPS and therefore reported to 3GPP SA4
1 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 that purpose, a pool of auditory listening test databases must be collected to provide as widely-spread and reliable data as possible. This contribution presents results of three of such auditory tests which were created according to the guidelines of [2]. 

To include a common anchor in each database, the reference conditions according to [2] were also part of the evaluation. 

2 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 designed as realistic as possible. The following sections describe the workflow of the recording and processing procedures.

2.1 Speech Material

The participants of all three databases were German native speakers. In order to strictly fulfill requirements of ITU-T P.835 [1], all listening test databases were conducted with German speech samples. Two different sequences were composed and used in the recordings and listening test. 

2.1.1 German ITU-T P.501

The first sequence was built from the German FB samples taken from ITU-T P.501 [3]. The samples were 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 per talker, each centered in a 4.0s window) intended as convergence for the noise cancelation algorithm. After another silence period of 4.0s, the main sequence includes all 8 samples which are available (2 male and 2 female talkers, 2 samples per talker). Before inserted into the sequence, each sample is calibrated individually to -4.7 dB Pa active speech level. Finally, 4.0s of trailing silence is added.
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Figure 1: German FB sequence according to ITU-T P.501
2.1.2 New German Speech Material

Although the common subjective framework only specifies 8 samples [2], new German full-band speech material was recorded to increase the variance of the test corpus. Additionally, more samples improve the statistical accuracy (e.g. regarding 95% confidence interval) per condition which is useful for training and validation purposes regarding the predictive model. In overall, four male and four female talkers with four sentences each were obtained. 

The new samples were also arranged into a playback sequence as shown in Figure 2. 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 as convergence for the noise cancelation 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 is calibrated individually to -4.7 dB Pa active speech level. Finally, 4.0s of trailing silence is added.
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Figure 2: German FB sequence with new recordings
The text material taken from [4] and provides phonetically balanced utterances. Recordings were conducted with native German speakers in an anechoic chamber. The structure of the sequence and the German phrases are shown in Table 1.

	ID
	Talker
	Sentence
	Text 

	1 
	F1 
	1 
	Arbeit im Garten ist besinnlich 

	2 
	F1 
	2 
	Das Essen ist wieder köstlich.

	3 
	F1 
	3 
	Blumen muss man häufig gießen 

	4 
	F1 
	4 
	Die Straße ist noch nicht gestreut. 

	5 
	F2 
	1 
	Kühl und klar ist die Luft. 

	6 
	F2 
	2 
	Leider dauert es heute lange.

	7 
	F2 
	3 
	Wir müssen das Licht anschalten. 

	8 
	F2 
	4 
	Die Karte kostet wirklich viel.

	9 
	F3 
	1 
	Hier richten Zimmerleute ein Dach. 

	10 
	F3 
	2 
	Der Vorsitzende tritt morgen zurück.

	11 
	F3 
	3 
	Die Firma setzt Maßstäbe. 

	12 
	F3 
	4 
	Die Schwimmbäder waren überfüllt.

	13 
	F4 
	1 
	Bitte verlier doch keine Zeit! 

	14 
	F4 
	2 
	Essen macht leider auch dick.

	15 
	F4 
	3 
	Faulheit ist auch erholsam 

	16 
	F4 
	4 
	Äpfel fallen nicht weit vom Baum.

	17 
	M1 
	1 
	Der Hammer trifft den Nagel. 

	18 
	M1 
	2 
	Kataloge sind meist recht schwer. 

	19 
	M1 
	3 
	Strohhalme brechen leicht. 

	20 
	M1 
	4 
	Der Kaffee ist wieder mal kalt. 

	21 
	M2 
	1 
	Im Hof wartet man schon auf uns. 

	22 
	M2 
	2 
	Man muss viel darüber lesen. 

	23 
	M2 
	3 
	Der Spatz frisst am liebsten Körner.

	24 
	M2 
	4 
	Die Milch kocht mir immer über. 

	25 
	M3 
	1 
	Man zahlt Eintritt an der Kasse. 

	26 
	M3 
	2 
	Der Kuchen ist fast fertig. 

	27 
	M3 
	3 
	Ich hole den Mantel lieber gleich. 

	28 
	M3 
	4 
	Stell doch lieber die Heizung an! 

	29 
	M4 
	1 
	Er erklärt die Dinge schlecht. 

	30 
	M4 
	2 
	Vorfreude stimmt uns heiter. 

	31 
	M4 
	3 
	Die Katze schleicht langsam heran. 

	32 
	M4 
	4 
	Der Raum ist warm und gemütlich. 

	
	
	
	


Table 1: Spoken text of new German speech material

2.2 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 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 level differences between all inputs.

An illustration is provided in Figure 3. 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 secondary microphone should be located in a way that this channel provides a weak coherence compared to the primary one. Thus, the outer backside microphone (Mic 7) was chosen for this application.
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	Figure 3: Mockup device (front/back/mounted)


For the databases presented in this contribution, the mockup was mounted in handset mode. The speech sequences presented in the previous sections are played back with an active speech level of -4.7dB Pa + 3.0 dB = -1.7dB Pa (additional gain for Lombard effect in noisy environments).
2.3 Background Noises

A background noise reproduction system according to ETSI TS 103 224 [5] was used for the recordings. In all databases, the noises of Table 2 were used.

	ID
	Description 
	Filename acc. To ETSI 103 224

	1 
	Silence 
	– 

	2 
	Cafeteria 
	Cafeteria_handset

	3 
	Road 
	Roadnoise_handset 

	4 
	Full-size Car 130 km/h
	FullSizeCar_130_handset 

	5 
	Pub 
	Pub_handset 

	6 
	Train station 
	TrainStation_handset 

	
	
	


Table 2: Background noise used for recordings

2.4 Device Filters

In order to simulate the behavior of a real mobile phone, two different types of arbitrary transmission characteristics (based on the wideband transmission characteristics in send of existing mobile phones) were created and then adapted for SWB and FB mode. These resulting four transfer functions are shown in Figure 4 and Figure 5. 
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Figure 4: SWB filters for dummy devices A and B
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Figure 5: FB filters for dummy devices A and B
The intention of (dummy) device A (blue curves) was to create characteristics of a mobile device which has a low roll-off (12 dB per octave) in the low frequency domain and provides a flat transmission in the upper frequency range. The idea of device B was to simulate a “lower quality”: it has a stronger roll-off in the low frequency domain (18 dB per octave) and indicates much ripple in the mid and upper frequency range.

The overall level respectively the achieved loudness ratings with these filters is not of interest here because the framework of [2] describes a listening level calibration procedure, which is applied anyway on each recording.

2.5 Noise Reduction

According to the description in section 2.2, the mockup recordings were done with a 2-channel microphone setup, which is needed for typical state-of-the-art noise cancellation algorithms. In order to simulate such modern signal processing of a mobile phone, several 2-channel noise reduction algorithms were applied. Table 3 describes the different degrees of noise processings NR1 - NR3. In some cases, also the unprocessed signal was used for auditory evaluation. 

	ID 
	Noise reduction description 

	OFF
	no processing active / unprocessed

	NR1
	low noise reduction 

	NR2
	moderate noise reduction 

	NR3
	aggressive noise reduction 

	
	


Table 3: Degrees of noise reduction
2.6 SWB/FB Codecs

Finally, all recordings were first encoded and then decoded with several reference codecs. Uncoded signals were not included in any listening test database. Since SWB and FB are not yet available in real networks, it is currently unclear which bitrates will be used in the future. Therefore arbitrary bit rates were chosen for this evaluation. Table 4 lists all codecs and operational modes which were used. 
	Codec 
	Bandwidth
	Bitrates 

	EVS 
	NB 
	9.6 kbit/s 

	EVS 
	WB 
	9.6 kbit/s 

	EVS 
	SWB 
	13.2, 24.4 kbit/s

	EVS 
	FB 
	16.4, 32.0 kbit/s

	G.729.1E
	SWB 
	36.0 kbit/s 

	OPUS 
	SWB 
	24.0 kbit/s 

	OPUS 
	FB 
	28.0 kbit/s 

	
	
	


Table 4: Codecs
The reference encoder/decoder tools for EVS [6], ITU-T G.729.1 Annex E [7] and OPUS [8] were used to process the audio samples. After this coding procedure, the level compensation method described in [2] was applied to all database files.

3 Auditory databases

3.1 DB01 – Description & Results (P.501 sequence)

The first database according to Table 5 includes all noise reduction methods (off, NR1, N2, NR3), one dummy terminal (B) and EVS codec in SWB and FB operational mode. The focus of this database is on the different types of noise reduction methods in combination with high-quality bitrates and moderate transmission characteristics. In conjunction with 6 background noises according to Table 2, 48 test conditions were created. Figure 6 and Figure 7 illustrate some results in detail.

	Noises 
	Noise reductions
	Filters / Codecs 

	Silence 
	OFF 
	Device-B-FB, EVS-FB @ 32.0kbit/s 

	Cafeteria 
	NR1 
	Device-B-FB, EVS-SWB @ 24.4kbit/s

	Road 
	NR2 
	

	Full-size Car 130 km/h
	NR3 
	

	Pub 
	
	

	Train station 
	
	

	
	
	


Table 5: Processing combinations of DB01
	[image: image8.png]5.0

45

4.0,

35

2.0

15

1.0

DeviceB-SWB_EVS-SWB_24.4 kbit/s

@@ Cafeteria
@® Fulsizecar_130
@@ rub

@®® Roadnoise
@® sience

(@@ Trainstation

o K3 « @
Noise Reduction





	[image: image9.png]5.0

45

4.0,

35

2.0

15

1.0

@@ Cafeteria
@® fulsizecar_130
@@ rub

@® Roadnoise
@® silence

(@@ Trainstation

o K3 « @

Noise Reduction





	[image: image10.png]5.0

45

4.0,

° o

OVRL [MOS]

2.0

15

1.0

DeviceB-SWB_EVS-SWB_24.4 kbit/s

Cafeteria
FullsizeCar_130

o - -« «©

Noise Reduction






	Figure 6: Auditory Results of DB01 for SIG / BAK / OVRL versus noise reduction – Device B, SWB
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	Figure 7: Auditory Results of DB01 for SIG / BAK / OVRL versus noise reduction – Device B, FB


Several observations can be made:

· For increasing noise reduction, speech distortions also increase and thus lead to decreased SIG scores.

· For increasing noise reduction, residual background noise levels decrease and lead to increased BAK scores

· OVRL scores almost remain constant over increasing noise reduction. There seems to be no clear preference regarding the trade-off between noise suppression and speech distortions.

· There is no significant difference between SWB and FB device/codec.

3.2 DB02 – Description & Results (P.501 sequence)

The second database according to Table 6 includes two reduction methods (NR1 and NR3), one dummy terminal (A) and EVS and OPUS codec in SWB and FB operational mode. The focus of this database is on the use of multiple codecs in combination with low-quality bitrates, good transmission characteristics and only noise-reduced samples. In conjunction with 6 background noises according to Table 2, 48 test conditions were created. Figure 8 and Figure 9 illustrate some results in detail.

	Noises 
	Noise reductions
	Filters / Codecs 

	Silence 
	NR1 
	Device-A-SWB, EVS-SWB @ 13.2 kbit/s

	Cafeteria 
	NR3 
	Device-A-FB, EVS-FB @ 16.4 kbit/s 

	Road 
	
	Device-A-SWB, OPUS @ 24.0 kbit/s 

	Full-size Car 130 km/h
	
	Device-A-FB, OPUS @ 28.0 kbit/s 

	Pub 
	
	

	Train station 
	
	

	
	
	


Table 6: Processing combinations of DB02
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	Figure 8: Auditory Results of DB02 for SIG / BAK / OVRL versus devices – low noise reduction
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	Figure 9: Auditory Results of DB02 for SIG / BAK / OVRL versus devices – strongest noise reduction


Several observations can be made:

· Similar to DB01, SIG score decreases and BAK score increases for increasing noise reduction (comparing same background noises).

· The graphs shown in Figure 8 and Figure 9 depict almost “parallel” lines over the device configurations. This indicates that quality scores mainly depend on the background noise scenario.

· There is neither a clear significant preference for SWB or FB device nor for OPUS or EVS codec.

3.3 DB03 – Description & Results (New recordings)

The third database according to Table 7 includes two reduction methods (NR1 and NR3), two dummy terminals (A+B) and several codecs in NB, WB, SWB and FB operational mode. The focus of this database is on the different bandwidth scenarios in combination with high-quality bitrates, mixed transmission characteristics and only noise-reduced samples. In conjunction with 6 background noises according to Table 2, 48 test conditions were created. Figure 10 and Figure 11 illustrate some results in detail.

	Noises 
	Noise reductions
	Filters / Codecs 

	Silence 
	NR1 
	Device-B-FB, EVS-NB @ 9.6kbit/s 

	Cafeteria 
	NR3 
	Device-B-FB, EVS-WB @ 9.6kbit/s 

	Road 
	
	Device-A-SWB, G.729.1E @ 36.0 kbit/s

	Full-size Car 130 km/h
	
	Device-A-FB, OPUS @ 40.0 kbit/s 

	Pub 
	
	

	Train station 
	
	

	
	
	


Table 7: Processing combinations of DB03
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	Figure 10: Auditory Results of DB03 for SIG / BAK / OVRL versus devices – low noise reduction
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	Figure 11: Auditory Results of DB03 for SIG / BAK / OVRL versus devices – strongest noise reduction


Several observations can be made:

· Similar to DB01 and DB02, SIG score decreases and BAK score increases for increasing noise reduction (comparing same background noises).

· The graphs shown in Figure 10 and Figure 11 depict in general increasing OVRL score for increasing audio bandwidth. 

· In three of six cases, the SWB codec G.729.1E performs similar or even better on SIG scale than OPUS FB codec. At least for the given bit rates, speech coding seems to work better for G.729.1E.

· For BAK scale, the observation is vice versa: here the OPUS-FB codec performs better. Since G.729.1E seems to be optimized for speech transmission, OPUS-FB seems to handle residual background noise (or in general, “audio signals”) more adequate.

4 Reference Conditions

For both speech sequences, 12 reference conditions according to the methods described in [2] were created. These include different signal-to-noise ratios (SNR) and systematic speech distortions NSLVL1 (strongest) to NSLVL4 (weakest). The reference results for the three auditory tests are given in Table 8 to Table 10. 

Note: The auditory results of DB01 and DB02 were obtained with speech material according to ITU-T P.501 (see section 2.1) and the results of DB03 with the newly created speech material (see section 2.1.2).
	ID
	NSLVL
	SNR (A) [dB]
	SIG
	CI95 SIG
	BAK
	CI95 BAK
	OVRL
	CI95 OVRL

	R01
	None 
	None 
	4.93
	0.05 
	4.95 
	0.05 
	4.74 
	0.11 

	R02
	None 
	0 
	4.17
	0.20 
	1.14 
	0.08 
	2.06 
	0.17

	R03
	None 
	12 
	4.53
	0.15 
	2.12 
	0.15 
	3.11 
	0.17 

	R04
	None 
	24 
	4.70
	0.11 
	2.84 
	0.14 
	3.76 
	0.17

	R05
	None 
	36 
	4.76
	0.10 
	3.81 
	0.11 
	4.19 
	0.14 

	R06
	1 
	None 
	1.90
	0.20 
	4.61 
	0.17 
	1.84 
	0.16 

	R07
	2 
	None 
	2.09
	0.18 
	4.74 
	0.14 
	2.19 
	0.17 

	R08
	3 
	None 
	2.99
	0.22 
	4.79 
	0.11 
	2.80 
	0.17 

	R09
	4 
	None 
	3.86
	0.20 
	4.92 
	0.08 
	3.64 
	0.19 

	R10
	3 
	24 
	3.60
	0.20 
	3.00 
	0.14 
	2.95 
	0.17 

	R11
	2 
	12 
	2.78
	0.22 
	1.78 
	0.13 
	2.07 
	0.16 

	R12
	1 
	0 
	1.73
	0.19 
	1.08 
	0.06 
	1.21 
	0.11 

	
	
	
	
	
	
	
	
	


Table 8: Results of reference conditions DB01
	ID
	NSLVL
	SNR (A) [dB]
	SIG
	CI95 SIG
	BAK
	CI95 BAK
	OVRL
	CI95 OVRL

	R01
	None 
	None 
	4.93
	0.08 
	4.97 
	0.04 
	4.71 
	0.11 

	R02
	None 
	0 
	4.17
	0.24 
	1.19 
	0.10 
	1.79 
	0.18

	R03
	None 
	12 
	4.53
	0.15 
	2.07 
	0.14 
	2.99 
	0.16 

	R04
	None 
	24 
	4.70
	0.10 
	2.66 
	0.16 
	3.59 
	0.16

	R05
	None 
	36 
	4.76
	0.06 
	3.74 
	0.11 
	4.08 
	0.12 

	R06
	1 
	None 
	1.90
	0.20 
	4.40 
	0.22 
	1.92 
	0.17 

	R07
	2 
	None 
	2.09
	0.19 
	4.46 
	0.18 
	2.07 
	0.16 

	R08
	3 
	None 
	2.99
	0.21 
	4.67 
	0.15 
	2.79 
	0.18 

	R09
	4 
	None 
	3.86
	0.15 
	4.86 
	0.08 
	3.80 
	0.15 

	R10
	3 
	24 
	3.60
	0.18 
	2.95 
	0.15 
	2.94 
	0.16 

	R11
	2 
	12 
	2.78
	0.24 
	1.69 
	0.13 
	2.01 
	0.15 

	R12
	1 
	0 
	1.73
	0.20 
	1.04 
	0.04 
	1.16 
	0.08 

	
	
	
	
	
	
	
	
	


Table 9: Results of reference conditions DB02
	ID
	NSLVL
	SNR (A) [dB]
	SIG
	CI95 SIG
	BAK
	CI95 BAK
	OVRL
	CI95 OVRL

	R01
	None 
	None 
	4.88
	0.05 
	4.70 
	0.07 
	4.61 
	0.08 

	R02
	None 
	0 
	4.28
	0.12 
	1.07 
	0.04 
	1.81 
	0.11

	R03
	None 
	12 
	4.61
	0.10 
	2.04 
	0.11 
	3.09 
	0.12 

	R04
	None 
	24 
	4.88
	0.05 
	2.74 
	0.10 
	3.75 
	0.12

	R05
	None 
	36 
	4.86
	0.06 
	3.70 
	0.09 
	4.27 
	0.08 

	R06
	1 
	None 
	2.11
	0.15 
	4.74 
	0.09 
	2.09 
	0.12 

	R07
	2 
	None 
	2.38
	0.15 
	4.74 
	0.10 
	2.36 
	0.13 

	R08
	3 
	None 
	2.88
	0.15 
	4.82 
	0.08 
	2.85 
	0.13 

	R09
	4 
	None 
	4.01
	0.13 
	4.85 
	0.06 
	3.85 
	0.14 

	R10
	3 
	24 
	3.53
	0.14 
	2.85 
	0.12 
	2.86 
	0.12 

	R11
	2 
	12 
	2.95
	0.15 
	1.60 
	0.10 
	2.11 
	0.12 

	R12
	1 
	0 
	2.31
	0.18 
	1.02 
	0.03 
	1.18 
	0.06 

	
	
	
	
	
	
	
	
	


Table 10: Results of reference conditions DB03
Reference conditions should also “span” the whole quality range for each attribute (SIG/BAK/OVRL). The different SNR, NSLVL processing as well as the mixture of both should cover the whole scale. Figure 12 exemplarily illustrates the most important reference results. In all three databases, almost all obtained reference scores are in the targeted range. Only condition R06 with strongest noise suppression NSLVL1 is rated too optimistic in all databases (SIG score should be closer to 1.0). 
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Figure 12: Results Reference Conditions
5 Conclusions
In this contribution, the results of three auditory experiments conducted according to the guide lines of ITU-T P.835 and the subjective test framework were presented. For two databases, the German speech corpus with 8 samples (2 female & 2 male talkers) was taken from ITU-T P.501, for the third database completely new German speech material with 16 samples (4 female & 4 male talkers) was recorded and used for auditory testing.

To achieve sufficient 95% confidence intervals, 12 votes per sample were collected, which leads to either 96 (DB01 & DB02) or 192 (DB03) votes per condition. With this accuracy, the collected data is suitable for the development of an ITU-T P.835 predictor, either for training or validation purposes.

In all tests, reference conditions according to the processing in [2] were created and included. For almost all cases the desired reference scores could be obtained, except for the SIG rating of condition R06 which could be even worse in order to spread the whole quality scale. 
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