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1 Introduction

As part of the test plan on surround sound (S4-091004), Fraunhofer IIS conducted listening tests for the evaluation of surround sound. The results of a first listening test were provided in S4-100044 using an interleaver simulation. During SA4#57 is was decided to repeat the experiment without the use of the interleaver.

This document provides information and results on this second part of “Test 4: Listening test under error conditions” conducted at Fraunhofer IIS. The previous results (with interleaver) are compared to the new results (without the interleaver).
2 Test 4: Listening under error conditions (part 2)
2.1 Test setup

As outlined in the test plan (S4-091004) the following conditions were evaluated (see Table 1). The list of items used in the test can be found in section 4 of the test plan.
Table 1 – Conditions in test 4

	Label
	Condition

	Con1
	Hidden reference: 5.1 original signal with binaural post-processing

	Con2
	HE-AAC/MPS, integrated binaural decoder, 64 kbps total

	Con3
	HE-AAC/MPS, integrated binaural decoder, 64 kbps total, 1% FER

	Con4
	HE-AAC/MPS, integrated binaural decoder, 64 kbps total, 3% FER

	Con5
	HE-AAC/MPS, binaural post-processing, 64 kbps total, 1% FER

	Con6
	HE-AAC/MPS, binaural post-processing, 64 kbps total, 3% FER

	Con7
	HE-AAC/MPS, integrated binaural decoder, 64 kbps total, 1% BFER

	Con8
	HE-AAC/MPS, integrated binaural decoder, 64 kbps total, 3% BFER

	Con9
	HE-AAC/MPS, binaural post-processing, 64 kbps total, 1% BFER

	Con10
	HE-AAC/MPS, binaural post-processing, 64 kbps total, 3% BFER

	Con11
	3.5 kHz lowpass anchor with binaural post-processing


Test 4 was conducted inside two listening rooms of Fraunhofer IIS. The equipment used is listed in Table 2.

Table 2 – Equipment used in test 4

	Device
	Manufacturer

	Computer
	Mac mini

	Sound Card + DA converter
	Edirol UA-101 (room 1)
Apogee Mini-DAC (room2)

	Headphone amplifier
	STAX SRM Monitor using integrated diffuse field equalizer

	Headphones
	STAX SR-Lambda Pro


The test was conducted using the MUSHRA methodology with randomized representation. A quality scale is used where the intervals are labelled "bad," "poor," "fair," "good," and "excellent." The subjective responses were recorded on a scale ranging from 0 to 100. A proprietary software was used for conducting the test.
Due to the length of the listening test, all subjects conducted the test in two sessions to prevent listening fatigue. The listening level could be adjusted by the listeners. All subjects who conducted the tests were experienced listeners. 
2.2 Statistical analysis

The charts presented in the following section plot the results of the tests. The plots show the results after statistical analysis of the test results of all listeners after post-screening. The following post-screening criteria were applied:

1) Any subject who graded the hidden reference condition lower than 80 for any of the items was discarded from the results.

2) Any subject who graded the hidden reference condition lower than 90 for more than one item was discarded from the results. 
Shown are the mean results with 95% confidence intervals for each item individually, and for all items total.

The Y-axis represents the mean score on the 100-point MUSHRA scale. The 95% confidence intervals are calculated according to
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and ( denotes the standard deviation that is calculated by


[image: image3.wmf](

)

1

2

1

1

2

-

÷

ø

ö

ç

è

æ

-

=

å

å

=

=

N

N

x

x

N

N

k

k

N

k

k

s

,

where N is the sample size (e.g. number of listeners) and xk denotes the individual sample values (e.g. individual listener score).
2.3 Test results

Of 14 listeners who participated in this test, one did not meet the post-screening criteria. The results of the remaining 13 listeners are provided in Figure 1.
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Figure 1 – Results of part 2:  Mean and 95% confidence interval for each item averaged over 13 subjects remaining after post-screening and averaged over all items and 13 subjects.
The results show that on average over all items and all subjects the condition without errors (condition 2) and the conditions with 1% random errors (conditions 3 and 5) fall into the “excellent” range (scores 80-100). The overall averages of the conditions with 3% random errors (conditions 4 and 6) and 1% burst errors (conditions 7 and 9) are within the “good” range. The average results for the conditions with 3% burst errors (conditions 8 and 10) fall into the “fair” range.

Using 95% confidence interval criterion, it can be seen that the condition without errors scores statistically significantly higher than any of the error conditions. 

On average over all items and subjects, the 1% error conditions score statistically significantly higher than the corresponding 3% error conditions (i.e. pairs 3-4, 5-6, 7-8 and 9-10).

On average over all items and subjects, the scores of the random error conditions are significantly higher than the burst error conditions (i.e. pairs 3-7, 4-8, 5-9 and 6-10).

On average over all items and subjects, there is no statistically significant difference (largely overlapping confidence intervals) between integrated binaural decoding and binaural post-processing (pairs 3-5, 4-6, 7-9 and 8-10). 

The raw test results of all 14 listeners have been delivered to the Global Analysis Lab (GAL) on March 31st 2010 for further analysis.


3 Discussion: Comparison to previous listening test results with interleaver
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Figure 2 – Results of part 1 (from S4-100044): Mean and 95% confidence interval for each item averaged over 15 subjects remaining after post-screening and averaged over all items and 15 subjects.
In figure 2 the results of the previous listening test are shown (S4-100044). There a packet-interleaver-simulation was used. Comparing these results to the results of the listening test without the use of the interleaver in Fig 1 the following observations can be made.
Although being the same conditions, the scores of the error-free condition and random errors of 1 and 3% were generally somewhat lower in the first experiment. The reasons could be
· The lower performance of the conditions with burst errors results in more positive ratings for the conditions with fewer artefacts. This is a rather common effect: if some of the presented conditions are of lower perceived quality the conditions with higher quality are rated more to the positive end of the scale. 
· In the second experiment a different group of listeners was used which is less sensitive to the errors.

However, the relations between these conditions are very similar and consistent.

The average scores of the conditions with burst errors are significantly lower when no interleaving is used. The average results lie roughly 20 points (1 MUSHRA grading interval) below. This underlines the benefit of using an interleaver when burst errors are expected to appear in a transmission channel. 
4 Conclusion

This document shows the results of the second part of “test 4” conducted at Fraunhofer IIS. In total 14 subjects completed the test, of which 13 subjects passed a simple set of post-screening rules. From these results it becomes clear that 1% random error rates yield a small quality degradation, 3% random error rates provide again a small quality degradation over the 1% error conditions. The scores are significantly lower if burst error rates are tested. There, the 3% error conditions are rated significantly lower than the 1% burst error conditions.
In terms of error robustness, no difference between integrated binaural decoding and binaural post-processing could be observed.
When compared the burst error results to those results where interleaving was applied, the results are significantly worse. This confirms the expected benefit of interleaving for channels where burst errors are likely to appear.
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