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1 Introduction

This document reports on subjective tests conducted by France Telecom for the AMR-WB+ and PSS/MMS Low-Rate Audio Selection and PSS/MMS High-Rate Audio Selection.
France Telecom has performed the tests A1b, A3b, B1b and B3b described in AMR-WB+ and PSS/MMS Low-Rate Audio Selection Test and Processing Plan as well as experiment 3 (H3) described in PSS/MMS High-Rate Audio Selection Test and Processing Plan. 

2 Test process 

2.1 Test method 

The methodology MUSHRA was used for those five quality test. MUSHRA stands for MUlti Stimuli with Hidden Reference and Anchor points. This is a method dedicated to the assessment of intermediate quality. 

It has been recommended at the ITU-R under the name BS.1534
.This was developed in 1999 by the EBU Project Group B/AIM in collaboration with the ITU-R Working Party 6Q. 

An important feature of this method is the inclusion of the hidden reference and bandwidth limited anchor signals. For those five mentioned tests, anchor points were the band-limited (3.5 and 7 kHz) reference signal.
2.2 Training phase

Each listener had a period of training, in order to get familiar with the test methodology, the use of the interface software and with the kind of quality they have to assess. This was as well an opportunity to adjust the restitution level that then remained constant during the test phase.

As there were 5 tests, each of them was preceded by a training phase that each listener was asked to perform.

Each training session contained 4 audio items that were different from the audio excerpts played in the tests.

2.3 User Interface

The MUSHRA method has the advantage of displaying all stimuli for one test item at a given bit-rate at the same time. The subjects were therefore able to carry out any comparison between them directly as well as to assess the quality comparing to the one of the explicit reference signal.

Implementation of MUSHRA user interface from CRC (SEAQ) was used in those tests. A screenshot of one implementation of the user interface is shown in figure 1. The buttons represent all the configurations/codecs under test including the hidden reference and both the anchor signals, and the reference, which is specially displayed on the left as "REF". Above each button, with the exception of the "REF" one, a slider is used to grade the quality of the test item according to the continuous quality scale.

For each of the test items, the signals under test were randomly assigned, with a different assignment for each subject. In addition, the test items were randomised for each subject within a session to avoid sequential effects. The session files were prepared by the host lab. There was one session file per listener. 

Moreover, in case of tests H3 and B3b with network perturbations, one recording of the impact of the network on all the items was made per listener. That means that none of the listeners listened and assessed the same audio recording albeit the perturbations (packet losses rate) were on the average the same.
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Figure 1 : MUSHRA Software

2.4 The Listening Panel

The listening panel consisted of 15 subjects, most of them experienced in audio but not only professionally involved. All of them were respectful regarding the listening instructions. 

2.5 Tests duration

As mentioned above there were 5 different tests, all preceded by a training period. 

The training phase took about half an hour. This time was also used to describe the listening instructions and answer listeners' questions if any. 

Then, one test took approximately 2 hours (depending on listeners), including breaks. Every 20 minutes, the listener was asked to rest a bit by breathing some fresh air. 

The five tests were spread over several days in order to give a chance to the listener to relax.

2.6 Listening conditions

The tests were performed on the headphone STAX Signature SR-404 (open)
 and its amplifier SRM-006t. The subjects had the possibility to set the reproduction level individually before they started the actual test (during the training phase). The subjects were then restricted from changing the reproduction level during the test.

The test items were stored on a Windows 2k workstation. The digital sound was played through the PC board Digigram VX 222 and converted by 24 bits DAC (3Dlab DAC 2000).

The tests were run in an acoustically neutral room dedicated to such tests.

2.7 Test agenda

Test material has been received on December 16th.  Raw data of test results have been sent to global analysis laboratory on February 5th.
3. Conclusion and recommendations

No statistical analysis can be carried out due to the blind procedure. We can only statistically observe whether listeners have scored the same conditions as the hidden reference (the place of the 100 score in the excel sheet).

In Experiment 3 of PSS/MMS High-Rate Audio Selection Test and B3b of PSS/MMS low-Rate Audio Selection Test, codecs were tested in error conditions. It should be noted that error pattern were different for every codec under the same test condition. This prevents the correct use of statistical methodology on test results.

� ITU-R Recommendation BS.1534 (June 2001)/ Method for the subjective assessment of intermediate quality level of coding systems.


� http://www.son-video.com/Rayons/Hifi/Casques/Stax.html
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