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1. Introduction
T-Systems conducted listening tests based on the work plan for the AMR-WB+ and PSS/MMS Low-Rate Audio Selection Test [1] and the PSS/MMS High-Rate Audio Selection Test [2]. 

This document describes the experimental design and the test procedure.

T-Systems accomplished the following tests as defined in [1] and [2]: 

	Exp.
	Operational mode
	Audio Material
	#Codecs in test
	# Reference codecs
	#Anchors in test
	#Refe-rences
	#Items
	Total

	A2a
	18 kbps, stereo, use case A (PSS)
	Set a
	3
	2
	3
	2
	12
	120

	A4a
	24 kbps, stereo, use case A (PSS)
	Set a
	3
	2
	3
	2
	12
	120

	B2a
	18 kbps, stereo, use case B (MMS)
	Set a
	3
	2
	3
	2
	12
	120

	B4a
	24 kbps, stereo, use case A (PSS), 3% FER
	Set a
	3
	2
	3
	2
	12
	120


Table 1: T-Systems sub-experiments in the AMR-WB+ and PSS/MMS Low-Rate Audio Selection Test

	Exp.
	Operational mode
	#Codecs in test
	# Reference codecs
	#Anchors in test
	#Refe-rences
	#Items
	Total

	1
	32 kbps, stereo
	4 (use case A and use case B encoder)
	2, incl. RealAudio @ 32 kbit/s stereo
	2
	1
	12
	108


Table 2: T-Systems sub-experiment in the PSS/MMS High-Rate Audio Selection Test

2. Experimental Design
2.1. Test Method

The test procedure followed that of the “MUltiple Stimulus with Hidden Reference and Anchors” (MUSHRA) [3] method for the subjective assessment of intermediate quality audio.

The subject was presented with a series of trials, each corresponding to a different one of the audio items selected for the tests. In each trial, the subject was presented with the known reference version as well as a set of signals to be graded. The set of signals consisted of the 3 coding systems under test in case of the PSS/MMS Low-Rate Audio Selection Test. Additionally 2 reference codecs, 3 hidden anchors and a hidden copy of the reference were used, making a total of 10 signals to be graded for each trial.

The hidden anchors were bandwidth-limited versions of the unprocessed, reference signal and were chosen as:

- 3.5 kHz Low pass with significantly reduced stereo image (12 dB attenuated side channel)

- 7.0 kHz Low pass with significantly reduced stereo image (12 dB attenuated side channel) and 

- 7.0 kHz Low pass slightly reduced stereo image (6 dB attenuated side channel)

as given in [1].

In case of the PSS/MMS High-Rate Audio Selection Test the set of signals consisted of the 4 coding systems, 2 reference codecs, 2 hidden anchors and a hidden copy of the reference, making a total of 9 signals to be graded for each trial.

The hidden anchors were bandwidth-limited versions of the unprocessed, reference stereo signal and were chosen as 3.5 kHz and 7 kHz for these tests.

Since the subjects can directly compare the impaired signals, this method provides the benefits of a full paired comparison test in that the subject can more easily detect differences between the impaired signals and grade them accordingly. This feature permits a high degree of resolution in the grades given to the systems. It is important to note, however, that subjects derived their grade for a given system by comparing that system to the reference signal, as well as to the other signals in each trial.

The subjects were asked to grade basic audio quality, a single global attribute used to judge any and all detected differences between the reference and the object in question. The scoring is done according to the Continuous Quality Scale (CQS). The CQS consists of a continuous scale, labelled with five adjectives from top to bottom:

· Excellent

· Good

· Fair

· Poor

· Bad

T-Systems test site made use of the Canadian Research Centre’s, System for the Evaluation of Audio Quality (CRC-SEAQ) and a typical screen shot of the computer-controlled replay system is shown in Figure 1. The set of signals to grade were shown on buttons A to I along with the known reference. The grading scale was continuous from 0 to 100 in unit steps and grades are recorded by adjusting the slider corresponding to each to button. It was possible to switch cleanly between all of the signals at will even whilst they were playing. Additionally the subject was permitted to use looped playback if required.

The order of presentation of the trials and the allocation of the signals to be graded to the buttons A to I was randomised for every subject that took part.
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Figure 1: The Computer-Controlled Replay System Used for the Tests (CRC-SEAQ)

2.2. Training phase

Prior to the actual testing a training phase was carried out in which the test subjects are familiarized with testing methodology and environment. The training was done following the same MUSHRA methodology as the actual test, though limited to four trials.

The training was based on the same codec, anchor and reference conditions as the blind grading phase. A written introduction describing the test equipment and the test procedure was provided to every test subject.

No grades given during the training phase have been taken into account in the actual tests.

2.3. Grading phase

The overall 60 test items were group into 5 sessions each containing 12 items. Every subject conducted three sessions at the first day and two sessions at the second day of the test.

The presentation order for codecs and items were randomised. Every listener got a different order for all relations. The grading phase was preceded by a training phase and was separated by breaks in order to avoid listener fatigue.

2.4. Listening Panel

The listening panel that was in the final evaluation at T-Systems consisted of 15 subjects, two women and 13 men aged between 17 and 30 years. All listeners were experienced listeners. Most of the listeners were Tonmeisters, sound engineers or composer students. The listeners were selected with the focus to have listeners that are experienced to concentrate for long time on listening to specific audio characteristics.

2.5. Test Duration

The tests phase for any listener consisted of a total time typically about 8 hours including the training. One session took about 30 to 45 minutes. The tests for one subject were done within two days. 

2.6. Post-screening of subjects

No post screening has been done due to the blind test procedure. 

2.7. Listening Conditions Including Listening Test System

The tests were conducted in the listening rooms at T-Systems in Berlin, which fulfilled the requirements given in the test plan [1, 2]. A detailed description will be provided if requested. STAX Lambda Pro headphones were used as reproduction devices. The subjects had the possibility to set the reproduction level individually before they started the actual tests. 

The subjects were not restricted from changing the reproduction level during the test; however they were advised to select a level at the beginning of the tests and not to change it.

The test items were stored on a Windows workstation, which had a digital sound board (RME Digi96/8). This sound board was digital connected via an ADAT interface to the Nexus Distribution System, which was also clock master. The D/A-Converters of the Nexus system were used. Specially designed software IAQ (CRC-SEAQ) was running on the PC's.

3. Test agenda

The Tests were carried out between December 15th and February 3rd. The test results were sent out to global analysis laboratory on February 10th.

4. Conclusion and recommendations

As a result of the agreed blind Test procedure no post-screening of the test subjects and no statistical analysis had been carried out. 
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