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1. Introduction
Following current standards for acoustic handset testing, a mobile phone shall be positioned according to [1]. The annex defines two positions for artificial ears of type 3.3 which should correspond to typical human usage of a handset.

It has been shown that these positions do not represent the typical human usage of a mobile phone handset today ([2], [3]). Some proprietary provider quality performance standards already take this changed user behavior into account and test positional robustness of noise cancelation algorithms in the uplink (sending direction) [4].

Typical real-life positionings are even more extreme are not covered yet adequately by these standards. This contribution presents an evaluation of an alternative “down position”. This position where the phone is tilted  downwards is often used by people when not really concentrated on positioning the phone the proper way. It should be noted the users typically have no idea about the impact on speech quality when using the phone in this way since there is no acoustical feedback in sending which would help them to relocate the phone back in a proper position. The effects on the sending signal are figured out with analyses in silence and in background noise situations. Additionally, two types of background noise simulations are compared for the evaluation 
2. Evaluation Setup

2.1. Hardware Setup

A calibrated system consisting of HATS HMS II.3 (head and torso simulator), MFE VI.1 (analogue/digital reference interface) and a 3G radio tester (Rohde & Schwarz CMW 500 with analogue audio output / audio board) according to Figure 1 was used. Four modern mobile phones from four different manufacturers in wideband operational mode (AMR-WB, 12.65kbit/s) were used. Table 1 provides some technical data on these devices under test (DUT). It is not known if any device uses one, two or more microphones e.g. for noise cancellation.

	Device
	Year of production
	Size

	A
	2013
	12.4 cm x 5.9 cm x 0.8cm

	B
	2012
	13.7 cm x 7.1 cm x 0.9cm

	C
	2011
	10.0 cm x 5.0 cm x 1.0cm

	D
	2014
	13.9 cm x 7.1 cm x 0.9cm


Table 1: Information on different DUTs
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Figure 1: Test setup for evaluation

2.2. Handset Mounting

The DUT was mounted with HEAD Handset Positioner IV (HHP IV), which is able to automatically place a clamped-in handset in a wide range of standard or user-defined positions. The different mounting positions are illustrated with a mockup phone (which was not part of the evaluation) in the following photos.
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	(a) Normal position
	(b) Vertical position

	Figure 2: Mounting of handset


Figure 2a shows the mockup phone with default handset positioning. (Xe, Ye, Ze) = (0°, 0°, 5°). This mounting is named “norm” in the following sections.

Figure 2b shows the modified, more realistic version of mounting. The handheld positioner was set to the angles (Xe, Ye, Ze) = (45°, 0°, 5°). Additionally, a larger distance between mouth and DUT was simulated; this was realized by shifting the device 1 cm higher than the default mounting. This shift takes into account that the dimensions HATS as defined in [8] are too small compared to the head size of many people today and such the distance from mouth to microphone and the cheek shadow effect may not be properly taken into account in the typical tests. To some extent this effect can be compensated in sending by shifting the DUT. In order to provide a better separation to the existing positions, this alternative position is named “vertical” in the following sections.

For both mountings, an application force of 8N was used.

3. Background Noise Systems

For the generation of background noise during the measurements two different simulation approaches were used: the new simulation technique described in TS 103 224 [3] and the present industry standard described in ES 202 396-1 [4]. Both systems were set up and equalized in a small, mostly non-reverberant room (RT60 < 100ms). The next two paragraphs summarize the properties of these two systems.

3.1. Equalization process according to ES 202 396-1

	[image: image4.emf]

	Figure 4: Setup for equalization according to ES 202 396-1. The green checkmarks show where the frequency response is correctly equalized (note that only the magnitude is taken into account)


Figure 4 shows the setup used for the system described in ES 202 396-1. It uses four loudspeakers placed around the HATS and additionally a subwoofer. The goal is that the frequency response of the background noise corresponds between 50 Hz to 10 kHz at the two ears of the HATS to the original recording.

Both left and right loudspeakers respectively are handled as a group and one FIR-Filter is calculated for each side automatically. To compensate for the crosstalk between both sides IIR filters are adjusted for each side manually. It has to be emphasized that the phase of the signal is not equalized and that in addition to that every loudspeaker introduces an individual delay. This creates a more diffuse sound field in the vicinity of the HATS.

With the equalized system binaural recordings can be played back and used as background noise during measurements. When doing hands-free measurements the system has to be equalized with the HATS and after that the DUT has to be positioned at the position of the HATS.

The HEAD acoustics implementation HEAD Automated Equalization for Background Noise Simulation in Laboratories (HAE-BGN) of this standard was used for this evaluation.

3.2. Equalization process according to TS 103 224

	[image: image5.emf]

	Figure 5: Setup for equalization according to TS 103 224. The green checkmarks show where the frequency response is correctly equalized (note that also the phase is taken into account up to a frequency of about 2kHz)


As it can be seen in Figure 5 in TS 103 224 eight loudspeakers are used for generating the background noise. This system achieves a close-to-reality simulation of the frequency responses of the background noise at a minimum of eight positions around the HATS. For this purpose 64 FIR filters are calculated automatically from the impulse responses between every loudspeaker and every microphone (8x8). These filters also ensure that the characteristics of the simulated sound field corresponds to the original situation also in-between the microphone positions up to 2 kHz regarding magnitude and phase. The locations of the microphones are selected such that a close to real sound field is generated close to the HATS which makes the sound field less diffuse and brings it closer to reality.

After equalization, recordings which were made using the same 8 positions can be reproduced. For hands-free measurements, the microphone array has to be positioned at the position of the DUT in hands-free position (cf. [3]).

The HEAD acoustics implementation HEAD 3-dimensional Playback of Acoustic Sound Scenarios (3PASS) of this standard was used for this evaluation.

3.3. Background noises

Four different background noises were selected for this evaluation:

· Road noise

· Train Station

· Full-size Car 130 km/h

· Cafeteria noise

Those background noises were recorded simultaneously with the microphone array described in TS 103 224 for handset setup as well as for hands-free setup. In addition to that, a binaural recording was also made for the system from ES 202 396-1. Thus the same noises can be played back on both systems.

4. Measurement Results

4.1. Measurements in Silence Condition

Figure 6 shows the frequency responses (1/12th octave resolution) for each device. The green curves indicate the transfer functions in normal position, red curves were measured with the proposed vertical position. Beside a constant offset for devices A-C, all devices show issues in the upper frequency region (> 2 kHz). Device D at least tries to compensate the absolute level difference, the lower frequency content almost match in both positions.
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Figure 6: Frequency Responses for different devices and positionings.

Table 2 shows some more typical metrics for measurements under silence conditions for each device which can describe these differences by single values:

· Sending Loudness Rating (acc. to ITU-T Rec. P. 79)

· TOSQA 2001 (WB mode, electrical recording)

· POLQA according to ITU-T P.863, Version 2.4 (fixed active speech level of 73dB SPL)

The absolute values are given in the column “norm”, the difference to the vertical position is given as “vert. - norm.”.
	
	
	DUT A
	DUT B
	DUT C
	DUT D

	
	
	norm.
	vert.-norm.
	norm.
	vert.-norm.
	norm.
	vert.-norm.
	norm.
	vert.-norm.

	Sending Loudness Rating
	[dB]
	10.15
	+4.43
	7.44
	+3.31
	7.36
	+4.62
	8.64
	+3.14

	TOSQA2001 (WB)
	[MOS]
	3.61
	-0.12
	3.61
	-0.37
	3.74
	-0.22
	3.37
	-0.23

	P.863 (POLQA)
	[MOS]
	3.90
	-0.23
	3.89
	-0.07
	3.75
	-0.24
	3.79
	+0.06


Table 2: Typical metrics for sending direction per device

All loudness ratings increase by at least 3.1 dB (up to 4.6), which is mainly caused by the modified frequency responses shown in Figure 6. The large differences in the spectral domain are not fully reflected by the speech quality measures TOSQA and POLQA. In fact, all MOS scores decrease for POLQA as well as for TOSQA when comparing normal vs. vertical position. The maximum difference for POLQA is ‑0.24 for Device C, whereas the largest difference for TOSQA is found for device B (‑0.37).
4.2. Measurements with Ambient Noise 

The following tables provide the results according to TS 103 106 [5] for each device and each positioning. Each MOS value is determined as the average over 16 American English test sentences taken from annex C of [5]. Note that MOS values as well as the calculated differences are round to one decimal place. 

[image: image10.emf]DUT BGN Value norm.vert.-norm.norm.vert.-norm.norm.vert.

G-MOS 3.6 -0.5 3.7 -0.4 0.1 0.2

N-MOS 4.0 -0.4 4.0 -0.3 0.1 0.2

S-MOS 3.9 -0.4 4.0 -0.4 0.1 0.1

G-MOS 2.8 -0.5 2.9 -0.5 0.1 0.1

N-MOS 3.4 -0.3 3.4 -0.2 0.1 0.1

S-MOS 3.1 -0.5 3.2 -0.6 0.1 0.0

G-MOS 3.8 -0.3 3.9 -0.3 0.1 0.1

N-MOS 4.0 -0.3 4.2 -0.3 0.2 0.2

S-MOS 4.1 -0.2 4.2 -0.2 0.0 0.0

G-MOS 3.7 -0.4 3.8 -0.4 0.1 0.0

N-MOS 3.6 -0.5 3.8 -0.5 0.2 0.1

S-MOS 4.1 -0.2 4.2 -0.2 0.0 0.0

HAE 3PASS 3PASS - HAE

A

Roadnoise

TrainStation

FullSizeCar_130

Cafeteria


Table 3: TS 103 106 S-/N-/G-MOS values for device A
[image: image11.emf]DUT BGN Value norm.vert.-norm.norm.vert.-norm.norm.vert.

G-MOS 3.3 -0.9 3.5 -0.8 0.1 0.2

N-MOS 3.2 -0.4 3.4 -0.4 0.2 0.2

S-MOS 3.9 -1.0 4.0 -0.9 0.1 0.2

G-MOS 2.6 -0.7 2.8 -0.8 0.2 0.1

N-MOS 2.6 -0.4 2.8 -0.4 0.2 0.2

S-MOS 3.4 -0.9 3.5 -1.0 0.1 0.0

G-MOS 3.6 -0.4 3.7 -0.4 0.1 0.1

N-MOS 3.3 -0.3 3.4 -0.2 0.1 0.2

S-MOS 4.1 -0.4 4.2 -0.4 0.1 0.1

G-MOS 3.2 -0.6 3.3 -0.7 0.1 0.0

N-MOS 2.5 -0.3 2.6 -0.3 0.1 0.1

S-MOS 4.1 -0.7 4.1 -0.8 0.0 -0.1
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Table 4: TS 103 106 S-/N-/G-MOS values for device B
[image: image12.emf]DUT BGN Value norm.vert.-norm.norm.vert.-norm.norm.vert.

G-MOS 3.7 -0.6 3.8 -0.6 0.1 0.1

N-MOS 4.5 -0.5 4.6 -0.5 0.0 0.0

S-MOS 3.7 -0.6 3.8 -0.6 0.1 0.1

G-MOS 2.9 -0.7 3.0 -0.8 0.1 0.0

N-MOS 3.8 -0.8 3.9 -0.9 0.1 0.1

S-MOS 3.0 -0.5 3.1 -0.6 0.1 0.0

G-MOS 4.0 -0.5 4.1 -0.5 0.1 0.1

N-MOS 4.6 -0.5 4.7 -0.3 0.1 0.2

S-MOS 4.0 -0.4 4.1 -0.5 0.0 0.0

G-MOS 3.9 -0.5 3.9 -0.6 0.0 0.0

N-MOS 4.6 -0.4 4.6 -0.5 0.0 -0.1

S-MOS 3.9 -0.5 4.0 -0.4 0.0 0.1
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Table 5: TS 103 106 S-/N-/G-MOS values for device C
[image: image13.emf]DUT BGN Value norm.vert.-norm.norm.vert.-norm.norm.vert.

G-MOS 3.8 -0.5 3.9 -0.4 0.1 0.1

N-MOS 4.8 -0.7 4.8 -0.7 0.0 0.0

S-MOS 3.7 -0.2 3.8 -0.1 0.1 0.2

G-MOS 3.0 -0.7 3.2 -0.7 0.2 0.2

N-MOS 3.6 -0.8 4.1 -0.8 0.6 0.6

S-MOS 3.3 -0.6 3.3 -0.5 -0.1 0.0

G-MOS 3.8 -0.3 4.0 -0.3 0.2 0.2

N-MOS 4.0 -0.5 4.8 -0.4 0.9 1.0

S-MOS 4.1 -0.1 3.9 -0.1 -0.2 -0.2

G-MOS 3.6 -0.4 3.7 -0.5 0.1 0.1

N-MOS 3.6 -0.7 4.0 -0.9 0.4 0.1

S-MOS 4.0 -0.1 4.0 -0.1 0.0 0.0
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Table 6: TS 103 106 S-/N-/G-MOS values for device D
The decrease of S-/N-/G-MOS for the vertical position is observable for all devices. The minimum and maximum differences between vertical and normal position for each category is shown in Table 7. In overall, scores decreases at least by 0.1 and up to 1.0 MOS.
	
	Min. Diff.
	Device
	BGN
	Max. Diff
	Device
	BGN

	G-MOS
	-0.3
	A
	Car
	-0.9
	B
	Road

	N-MOS
	-0.2
	A
	Train Stat.
	-0.9
	D
	Cafeteria

	S-MOS
	-0.1
	C
	Car
	-1.0
	B
	Train Stat.


Table 7: Minimum/maximum differences 
5. Conclusions

This contribution introduced a new positioning “vertical” for acoustic handset measurements. In this position, problems of real-life applications can be reproduced. The measurement results in silence conditions basically show some differences which are only partially compensated by automatic gain control; signal components in the high frequency domain cannot be restored.

The perceptual-based methods like TOSQA or POLQA only show differences up to 0.4 MOS between the different positions. This may also be an influence of the automatic level compensation these algorithms perform as a post-processing.

The largest impact of the positioning can be observed when measuring with background noise playback on the sending side. The difference between the positions can achieve up to 1.0 MOS for S-, N- and G-MOS.

For devices A-C, both BGN playback systems obtain very similar scores for S-, N- and G-MOS in the normal position with a tendency to slightly bigger differences in the vertical position. An exception here is device D, which most likely includes the latest state of the art signal processing due to its production date. This device shows significant differences between the playback systems, for both positions. N-MOS scores increase up to 1.0 for the background noise simulation according to TS 103224. This may indicate that the benefit of the latest signal enhancement algorithms can only be proved if the spatial characteristics of the original sound field are reflected also in the simulation system.
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