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1. Introduction
Dynastat performed listening tests in accordance with the test plans for the AMR-WB+ and PSS/MMS Low-Rate Audio Selection Test [1] and the PSS/MMS High-Rate Audio Selection Test [2].  These documents describe the experimental design and test procedures. Dynastat conducted the tests listed in Table 1 and 2 as defined in  the test plans.

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

	A1a
	14 kbps, mono, use case A (PSS)
	Set a
	3
	2
	2
	2
	12
	108

	A3a
	24 kbps, mono, use case A (PSS)
	Set a
	3
	2
	2
	2
	12
	108

	B1a
	14 kbps, mono, use case B (MMS)
	Set a
	3
	2
	2
	2
	12
	108

	B3a
	14 kbps, mono, use case A (PSS), 3% FER
	Set a
	3
	2
	2
	2
	12
	108


Table 1: Dynastat sub-experiments in the Low-Rate Audio Selection Test

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

	1
	32 kbps, stereo
	2 (use case B encoder)
	2, incl. RealAudio @ 32 kbit/s stereo
	2
	1
	12
	84


Table 2: Dynastat experiment in the 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 audio quality.

The subject was presented with a series of trials, each corresponding to a different item from the set of audio items selected for the tests. In each trial, the subject was presented with the open reference version as well as a set of signals to be graded. 

In the Low-Rate Audio Selection Tests, the set of signals consisted of the three candidate codecs under test plus two reference codecs, three hidden anchors and a hidden copy of the open reference for a total of nine 

signals to be graded in each trial. The hidden anchors were bandwidth-limited versions of the unprocessed reference signal and were defined as 3.5 kHz Low pass and 7.0 kHz Low pass by the test plan [1].

In the High-Rate Audio Selection Test, the set of signals consisted of three candidate codecs, two reference codecs, two hidden anchors, and a hidden copy of the open reference for a total of eight signals to be graded in each trial. The hidden anchors were bandwidth-limited versions of the unprocessed, reference stereo signal and were defined as 3.5 kHz and 7 kHz for these tests.

An in-house MUSHRA presentation and data collection interface program was used for this effort. A sample MUSHRA presentation screen for the Dynastat proprietary interface is shown in Figure 1.

The open reference was shown on one button followed spatially by buttons, labelled A to I, for the set of signals to be graded. The grading scale varied from 0 to 100 in unit steps and grades were recorded by adjusting the slider associated with each button. The MUSHRA presentation program allowed clean switching among all of the signals even during play-back. 

The order of presentation of the trials and the allocation of the signals to the buttons (A to I) was randomized for all subjects.
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Figure 1: Sample Presentation Screen for the Dynastat MUSHRA Interface Program.

2.2. Training phase

Prior to the actual grading of the test signals, a training phase was conducted in which the test subjects were familiarized with the testing methodology and testing environment. The training phase adhered to the same MUSHRA methodology as the grading phase, but was limited to four trials.  Subjects were provided with written instructions prior to participating in any experiment.

2.3. Grading phase

The presentation order for conditions was randomised as was the signals within conditions. Every listener received a different randomised presentation sequence of conditions and signals within conditions. The grading phase was preceded by the training phase and was separated from the training phase by a forced rest break. In order to mitigate the effects of fatigue, subjects were required to take two rest breaks during a test session. In addition, the tests were self-paced so subjects could take additional breaks if they wanted.

2.4. Listening panels

A total of 22 subjects, 14 men and 8 women were used for this effort.  All listeners were experienced listeners and between the ages of 19 and 42. Listeners that participated in multiple experiments were had to wait at least two days before participating in another experiment.  

2.5. Post-screening of subjects

No post-screening of subjects was possible due to the blinding of the test items by the mirror host lab.

2.6. Listening environment

The tests were performed in sound isolation booths at Dynastat in Austin, Texas, USA, which met the requirements specified in the test plans [1, 2]. The audio materials were presented over Sennheiser HD-600 open-back circum-aural headphones. The audio level was set by the subject at the beginning of the training phase. Level adjustments were not permitted during the test session. 

The audio files were stored on a Windows 2000 workstation which had a digital interface board (Lynx One Studio). This board was connected to an external Lucid DA9624 digital-to-analog converter and presented over the headphones. 

      2.7     Schedule
The five experiments were conducted over the period December 19, 2003 to January 28, 2004. The test results were delivered to the Global Analysis Laboratory on February 5.

3. Conclusion and recommendations

The test items were blinded to the listening laboratory so no post-screening of subjects was possible. The   MUSHRA standard [3] recommends that the listening laboratory post-screen subjects for consistency and performance in detecting the Hidden Reference and tracking the Hidden Anchors in MUSHRA trials. The blinding process precluded this important step in the performance of the listening lab activities. The blinding process also precluded any statistical analysis by the listening laboratory.

4. References

[1] 
SA-030437 AMR-WB+ and PSS/MMS Low-Rate Audio Selection Test and Processing, Plan Version 2.0, September 2003.

[2]
SA-030438 PSS/MMS High-Rate Audio Selection Test and Processing, Plan Version 2.0, September 2003.

[3]
EBU Technical recommendation: MUSHRA-EBU Method for Subjective Listening Tests of Intermediate Audio Quality, Doc. B/AIM022, October 1999.

1 Alan Sharpley	


  Dynastat, Inc		Email:     sharpley@dynastat.com


  2704 Rio Grande		Phone:   +1-512-476-4797


  Austin, Texas, USA 78705	FAX:      +1-472-2883





