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0 Status of document

V 0.1: Draft version

Document to serve as a skeleton for the different tests.
V0.2: Comments after presentation

V0.3: Output of Ad-hoc meeting

V0.4: Included test descriptions from Tdoc AHQ011R2 into this draft test plan
V0.5: Modification after SQ SWG session
1 Introduction

This document contains the complete set of experimental designs for the PSS/MBMS Surround Sound Study Item.  

Various types of audio material will be used in the testing process.

A summary of the experiments to be conducted can be found in table 1-1.

[TO BE DONE: overview table]
Section 2 provides a list of codecs under test  and reference codecs used in the experiments.

Section 3 provides a list of reference documents and contact names for any question related to the test plan.

Section 4 gives an overview of the audio material required for the testing.

Section 5 provides information that is relevant to all the different tests.

Section 6 contains the test plans for each experiment.

The specification of the processing functions of the audio material is included in section 7.
Annex A contains English language examples of instructions for the listening subjects for the MUSHRA test methodology used in the experiments.

1.1 Responsibilities

The item selection will be performed by the item selection entity. The processing will be done by the technology providers. The test laboratories will conduct the tests on a voluntary basis, i.e., no funding will be required.

Paolo Usai, Imre Varga, Marc Emerit, Anisse Taleb and Jan Plogsties will serve as the item selection entity. The item selection entity will have the following responsibilities:

· Review collected candidate testing material according to item selection procedure
· Select appropriate set of test material (see section 4) 
The technology providers (Dolby, Philips, Fraunhofer – contact person: Jan Plogsties) will have the following responsibilities:
· Prepare testing and training material based on the indications from the item selection entity.

· Process reference, anchor and codec conditions (including re-sampling to sampling frequency of original material).

· Assemble the final distribution of the processed material to the listening laboratories.

· Report on the bit rates used in the tests to SA4 (see section 7.1.2).

The test laboratories (Huawei, Philips, Orange, Dolby, Fraunhofer) will have the following responsibilities:

· Conduct the tests as defined by sections 5 and 6 in accordance to table [xx]
· Provide a report of the experiments performed to SA4, including test results and statistical analysis. Apart from a graphical representation of the test results, a spreadsheet with the test results should be included as well.
· Any deviations from the specifications contained in the report should be documented along with the results.

Table [xx]: Allocation of sub-experiments to the Listening Laboratories
	Exp.
	Lab1
	Lab2
	Lab3
	Lab4
	Lab5
	Lab6
	Total
	Size

	LL ID
	
	
	
	
	
	
	
	

	1
	
	
	
	
	
	
	
	

	2
	
	
	
	
	
	
	
	

	4
	
	
	
	
	
	
	
	

	5
	
	
	
	
	
	
	
	

	Totals:
	
	
	
	
	
	
	
	


Global Analysis Lab Orange will have the following responsibilities:

Collect the test results of the individual test laboratories, and present overall results to SA4.

1.2 Contact Names

<list contact names>
2 Codecs, Anchors and References

Please refer to section 6 for the references, anchors and Codecs under test.
2.1 Codecs under test and Reference codecs

The following table provides an overview of the codecs under test in the surround sound SI tests.

	#
	Codec name
	Providing Organization(s)
	Contact

	1
	MPEG Surround [5] with HE-AAC stereo core codec 
	Fraunhofer, Dolby, Philips
	Jan Plogsties (Fraunhofer)


The reference codecs are listed in the following table.

	#
	Codec name
	Providing Organization(s)
	Contact

	2
	HE-AAC 5.1 codec [8]
	Fraunhofer, Dolby, Philips
	Jan Plogsties (Fraunhofer)


2.2 Anchors and references

Besides the items encoded with the evaluation and reference codecs, anchor and reference items will be included in the tests. Their purpose is to normalize the tests and to make them more comparable across different test labs.

In the experiments, anchors will be used with low-pass filtered original signal. Also included is the uncoded original signal, once as open and once as hidden reference. 
	#
	Type
	Specification
	Channel type 

	1

	Anchor
	3.5 kHz Lowpass 
	5.1

	2
	Hidden Reference
	Original signal
	5.1

	3
	Open Reference
	Original signal
	5.1

	…
	…
	…
	…


3 References and Conventions

3.1 Reference Documents
	[1]
	Tdoc SP-090019 (SA#43)
	SID on "Surround Sound codec extension for PSS and MBMS"

	[2]
	RECOMMENDATION ITU-R BS.1534
	Method for the subjective assessment of intermediate quality level of coding systems

	[3]
	RECOMMENDATION ITU-R BS.775-1
	Multichannel stereophonic sound system with and without accompanying picture

	[4]

	RECOMMENDATION ITU-R BS.1116
	Methods For The Subjective Assessment Of Small Impairments In Audio Systems Including Multichannel Sound Systems, Geneva, 1994.

	[5]

	ISO/IEC JTC1/SC29/WG11, 23003-1,
	MPEG audio technologies--part 1: MPEG surround, 2007

	[6]

	Tdoc-S4-090755
	Draft TR - Study on Surround Sound codec extension for PSS and MBMS

	[7]
	TR 26.936
	Performance characterization of 3GPP audio codecs

	[8]
	ISO/IEC JTC1/SC29/WG11, 14496-3
	MPEG-4 Part 3: Audio, 2009.

	[9]
	RECOMMENDATION ITU-R BS.1284
	Methods for the subjective assessment of sound quality – General requirements, 1997

	[10]
	J. Acoust. Soc.Am 97 (6)
	Gardner, W. G., Martin, K. D.: “HRTF measurements of a KEMAR”, 1995 - http://sound.media.mit.edu/resources/KEMAR.html

	[11]
	RECOMMENDATION ITU-T, P.800
	Methods for objective and subjective assessment of quality

	[12]
	AFsp Library and Tools
	http://www-mmsp.ece.mcgill.ca/Documents/Downloads/AFsp/AFsp-v8r2.tar.gz


4 Test Material

One of the important parameters in a subjective test is the selection of appropriate items. In the context of evaluating surround sound codecs, the following should be considered. First of all, the test items should consist of multi-channel content, where a significant contribution of the audio signal is in the surround channels. No quality improvement for surround can be expected for content that would be perceptually similar when represented by a stereo signal, i.e. at least some items should be selected that contain discrete sounds from the surround channels. Secondly, the items should be typical for and balanced over the intended application scenarios (see section 4.1 in Draft TR). This will aid justification of the surround sound codec for PSS/MBMS use cases.
The items should have the following parameters:

· Duration in the range of [7]-20 seconds 
The length of the sequences should typically not exceed 20 seconds to avoid fatiguing of listeners and to reduce the total duration of the listening test [2].  

· 5.1 channels, 

· 16 bit, 44.1 kHz.

The item selection entity will identify 12 items of the set of available items for testing and 3 items for training purposes, according to the criteria above.

The items should cover the genres as following. Items between brackets indicate the training items.
· Movies: 
5(+2) items

· Music:

3(+1) items

· Sports:

2 items
· Radio drama:
2 items
It is preferred that within a category the items are widely spread, e.g. different genres of music, etc. 
	Filename
	Source
	Movie
	Music
	Radio
	Sports
	Selection

	Monster_AG_Morning.wav
	Monsters, Inc. (2001)
	X
	
	
	
	x

	Star Wars II_frag2_3_exc4.wav
	Star Wars II – Attack Of The Clones (2002)
	X
	
	
	
	x

	Star Wars II_frag2_3_exc7.wav
	Star Wars II – Attack Of The Clones (2002)
	X
	
	
	
	T

	X-Men_frag2_3_exc1.wav
	X-Men (2000)
	X
	
	
	
	x

	movie1_000ori_44.wav
	Dragonheart
	X
	
	
	
	x

	smokinaces.wav
	Smokin’ Aces (2007)
	X
	
	
	
	x

	Underworld - Evolution_frag1_1_exc3.wav
	Underworld – Evolution (2006)
	X
	
	
	
	T

	 
	 
	
	
	
	
	

	Track_12_exc1.wav
	Earth Wind & Fire - Sing A Song
	
	X
	
	
	x

	track03_trimmed_01.wav
	NA
	
	X
	
	
	x

	track05_trimmed_02.wav
	NA
	
	X
	
	
	x

	Ambra_start.wav
	Ambra – Honor & Glory, Trailer
	
	X
	
	
	T

	 
	 
	
	
	
	
	

	car_chase_cut.wav
	Swedish Radio Multichannel Sound Archive - The Car Chase
	
	
	X
	
	x

	Banff_demo_nature_hour.wav
	Swedish Radio Multichannel Sound Archive - The Banff Demo
	
	
	X
	
	x

	 
	 
	
	
	
	
	

	nfl.2009.09.13.cowboys.vs.bucs_audio_1_exc3.wav
	HDTV broadcast recording – Dallas Cowboys Vs. Tampa-Bay Buccaneers (13-09-2009)
	
	
	
	X
	x

	Any_Given_Sunday_Chapter_02_cut_44.wav
	Any Given Sunday (1999)
	
	
	
	X
	x


5 Information relevant to all Experiments

5.1 General Technical Notes

Any and all deviations from the specifications contained in this document must be documented and submitted to TSG-SA-WG4 along with the experimental results.

For all experiments using headphone reproduction, subjects should be seated in a quiet environment; 30dBA Hoth Spectrum (as defined by ITU-T, Recommendation P.800 [11], Annex A, section A.1.1.2.2.1 Room Noise, with table A.1 and Figure A.1) measured at the head position of the subject. This will help ensure consistency between the different subjects in the same laboratory as well as across the different laboratories in which these experiments will be performed. 
For headphone playback the following requirements shall be met:

1) 
Binaural listening using high quality open-back, circum-aural headphones.
For all experiments using loudspeaker reproduction, the listening room, listener position and equipment should correspond to ITU-R BS.1116 [4] as recommended in ITU-R BS.1534 [2].
5.2 Testing methodology

The testing is carried out based on MUSHRA methodology [2], which is suitable for evaluation of intermediate audio quality and gives accurate and reliable results.

The labs carrying out the testing should have experience with the MUSHRA method from earlier exercises. 

The MUSHRA test method applied here uses the original unprocessed material with full bandwidth as the reference signal (which is also used as a hidden reference), a number of hidden anchors, the conditions of the codec under test as well as the reference conditions with which the codec under test is to be compared.

If a different methodology is chosen, it should be explained in the test descriptions of the specific tests, see section 6.
5.3 Error Patterns and Error Conditions

Error conditions will be applied in experiment 4.
5.4 Training phase

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

The training is based on the same codec, anchor and reference conditions as the blind grading phase.

5.5 Selection of subjects

The selection of subjects follows the guidelines given in [2].

In particular, it is recommended that experienced listeners should be used. These listeners should have some experience in listening to sound in a critical way. Such listeners will give a more reliable result more quickly than non-experienced listeners.
5.5.1 Screening of subjects

There is sometimes a reason for introducing a rejection technique either before (pre-screening) or after (post-screening) the real test. In some cases both types of rejections might be used. Here, rejection is a process where all judgments from a particular subject are omitted.

Any type of rejection technique, not carefully analysed and applied, may lead to a biased result. It is thus extremely important that, whenever elimination of data has been made, the test report clearly describes the criterion applied.

5.5.1.1 Pre-screening of subjects

The listening panel should be composed of experienced listeners, in other words, people who understand and have been properly trained in the described method of subjective quality evaluation of spatial audio. These listeners should:

· have experience in listening to sound in a critical way; 

· have normal hearing (ISO Standard 389 should be used as a guideline).

The training procedure might be used as a tool for pre-screening.

5.5.1.2 Post-screening of subjects

Post-screening methods can be roughly separated into at least two classes:

· one is based on the ability of the subject to make consistent repeated gradings;

· the other relies on inconsistencies of an individual grading compared with the mean result of all subjects for a given item.

It is recommended to look to the individual spread and to the deviation from the mean grading of all subjects.

The aim of this is to get a fair assessment of the quality of the test items. 

If few subjects use either extreme end of the scale (excellent, bad) and the majority is concentrated at another point on the scale, these subjects could be recognized as outliers and might be rejected.

The methods are primarily used to eliminate subjects who cannot make the appropriate discriminations. The application of a post-screening method may clarify the tendencies in a test result. However, bearing in mind the variability of subjects’ sensitivities to different artefacts, caution should be exercised. 

Taking into account the size of the listening panel used throughout the experiments, the effects of any individual subject’s grades is low and so the need to reject a subject’s data is greatly diminished.

6 Description of listening tests
6.1 Test 1: Listening test over loudspeakers
6.1.1 Conditions

The processing required creating the reference, the evaluation codec and the anchor are depicted in the following figure.
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	Main Codec Conditions
	
	

	Codec under Test
	1
	MPS with HE-AAC stereo core codec using MPS downmix [5] at 64 kbps

	
	1
	MPS with HE-AAC stereo core codec using ITU downmix [5] at 64 kbps

	
	1
	MPS with HE-AAC stereo core codec using MPS downmix [5] at 48 kbps

	Error Conditions
	
	No errors

	Applications
	
	

	
	
	

	References:
	
	

	Open Reference
	1
	5.1 original signal

	Hidden Reference
	1
	5.1 original signal

	Anchors
	1
	3.5 kHz band-limited 5.1 signal 

	Indicative Reference Condition
	1
	HE-AAC 5.1 codec at 160 kbps [8]

	
	
	

	Indicative Reference Condition
	1
	HE-AAC 5.1 codec at 64 kbps [8]

	Common Conditions
	
	

	Number of test items
	12
	

	Listening Level
	
	To be chosen by subject

	Listeners
	12
	Experienced listeners

	Presentation randomizations
	12
	One per listener

	Rating Scale
	
	Continuous quality scale

	Replications
	2
	Two test sites

	Listening System
	
	5.1 loudspeaker playback system according to ITU-R BS.775-1 [3]

	Listening Environment
	
	Facilities and reproduction devices should follow ITU-R BS.1116 [4] as recommended in [2]


6.2 Test 2: Listening test over headphones
6.2.1 Methodology
The methodology is derived from the MUSHRA method [2]. The two methods differ in the scale used. The MUSHRA test uses a quality scale between 0 and 100. In this new method we replace the quality scale by a comparison scale as in [9] (see figure below). The scale, however, should still allow a more continuous grading with a 0.1 resolution. The hidden reference is added to the items to be evaluated. Its score should be evaluated as zero. 
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Listeners should rate the quality by comparison to the given reference for each item, on a scale between -3.0 and 3.0
· 3.0 : Condition is much better than REF

· 2.0 : Condition is better than REF

· 1.0 : Condition is slightly better than REF

· 0.0 : Condition is similar to REF

· -1.0 : Condition is slightly worse than REF 

· -2.0 : Condition is worse than REF
· -3.0 : Condition is much worse than REF

6.2.2 Conditions
The processing steps required obtaining the reference, the evaluation codecs and the anchor are depicted in the following Figure.
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There is a common single HRTF set for all items used in all test labs. All conditions in this experiment will produce a binaural output by means of a set of HRTFs. The HRTFs in this test could include the effect of room reverberation, the presence of which needs to be reported. 

Condition A and D are anchor condition spanning the audio quality room by transmitting discrete 5.1 using HE AAC at 160kbps for Condition A and 64 kbps for Condition D [8]. 

For both these conditions HRTFs are applied by means of FIR filters as a post process. The HRTF sets for the binaural filtering are provided along with the encoded and decoded items by the providers of the evaluation codec.

Condition B1 and B2 consist of a stereo transmission with accompanying surround side information. For B1 decoding and rendering takes places in the binaural surround decoder, while for B2 decoding to multi-channel signals is followed by binaural post-processing.

The reference signal will be Stereo Binaural C. There, the surround sound content is pre-processed to create a stereo downmix as prescribed by ITU-R BS.775-1 [3]. This allows assessment of the quality improvement associated to the surround side information. For this condition, the same HRTFs are applied by means of FIR filters as a post process, while in this case only the left front and right front input channels are fed.

	Main Codec Conditions
	
	

	Evaluation codecs
	1
	MPS binaural with HE-AAC stereo core codec [5] – Condition B1

	
	1
	MPS 5.1 with HE-AAC stereo core codec [5] with binaural post-processing – Condition B2

	
	
	

	Error Conditions
	
	No errors

	Applications
	
	64 kbit/s total bitrate

	
	
	

	References:
	
	

	Discrete high-quality codec reference
	1
	HE-AAC 5.1 at 160 kbps [8] + binaural post-processing – Condition A

	
	
	

	
	
	

	Other references
	
	

	Open Reference
	1
	HE-AAC Stereo downmix at 64 kbps + binaural post-processing – Condition C

	Hidden Reference
	1
	HE-AAC Stereo downmix at 64 kbps + binaural post-processing – Condition C

	Anchors
	1
	HE-AAC 5.1 at 64 kbps + binaural post-processing – Condition D

	
	
	

	Common Conditions
	
	

	Number of test items
	12
	

	Listening Level
	
	To be chosen by subject

	Listeners
	12
	Experienced listeners

	Presentation randomizations
	12
	One per listener

	Rating Scale
	
	Continuous comparison scale

	Replications
	2
	Two test sites

	Listening System
	
	High quality open-back, circum-aural headphones

	Listening Environment
	
	Room Noise: Hoth Spectrum at 30dBA (as defined by ITU-T, Recommendation P.800, Annex A, section A.1.1.2.2.1 Room Noise, with table A.1 and Figure A.1)


6.3 Test 3: Test on backward compatibility
It is proposed that for the 3GPP core coder(s) that will be evaluated, i.e., the mono or stereo core(s) on which the surround sound extension will be evaluated, a bit-rate versus quality figure will be constructed containing all overall test results.

It is proposed to include the following test data into the bit-rate versus quality figure:

· Low rate selection test, TR 26.936 Attachment 1E [7], Tests A1-A4, 14/24 mono, 18/24 kbps stereo

· High rate selection test, TR 26.936 Attachment 1G [7], Tests 1-2, 32/48 stereo

· Characterization test phase 1, TR 26.936 Attachment 1B [7], Experiments 1-1/1-2, 10/16/20 mono, 14/21/28 stereo

From the above figure, then an approximation can be made on the operating point of the core coder at the two operation points:

1) A core coder operating at the full capacity.

2) A core coder operating at the full capacity minus the capacity consumed by the surround sound extension.

It is noted that, conform [6], it is expected that a surround sound extension will only be enabled from an overall bit rate in the order of 32 kbps. The typical operation point may even be higher in the order of 48-128 kbps. It is furthermore expected that only a small fraction of the overall bit-rate will be consumed by the surround sound extension.

The focus of the majority of the characterization and selection tests was on the lower bit rates (14-24 kbps mono, 14-48 kbps stereo). It is expected however, that given the large amount of test points in the 3GPP selection and characterization tests at the lower rates a good approximation of the bit-rate versus quality curve can be obtained of the higher rates as well.
6.4 Test 4: Listening test under error conditions
6.4.1 Conditions


[image: image4.emf]HE-AAC/

MPS 

Encoder

HE-AAC/MPS 

Decoder

Binaural

Stereo

Binaural 

Multi-channel

Original

3.5 kHz 

Low-pass

Stereo

Binaural

Binaural 

Post-

processing

Binaural 

Post-

processing

Stereo

Binaural 

Codec reference

Anchor condition

Reference

Frame-

error 

processing

Stereo

Binaural

Evaluation 

condition

5.1

HE-AAC/MPS 

Decoder

Binaural

Stereo

+ MPS 

bitstream

Stereo

Binaural

Evaluation 

condition

HE-AAC/

MPS 

Decoder

Binaural 

Post-

processing

5.1


	Main Codec Conditions
	
	

	Codec under Test
	1
	MPS with HE-AAC stereo core codec [5], decoded in binaural mode



	
	1
	MPS 5.1 with HE-AAC stereo core codec [5] with binaural post-processing

	Error Conditions
	2
	Frame error rates of 1% and 3%

	Applications
	
	64 kbit/s total bitrate

	
	
	

	References:
	
	

	Codec references
	1
	Candidate codec signal without frame errors

	Open Reference
	1
	5.1 original signal with binaural post-processing

	Hidden Reference
	1
	5.1 original signal with binaural post-processing

	Anchors
	1
	3.5 kHz band-limited 5.1 original signal with binaural post-processing

	
	
	

	Common Conditions
	
	

	Number of test items
	12
	

	Listening Level
	
	To be chosen by subject

	Listeners
	12
	Experienced listeners

	Presentation randomizations
	12
	One per listener

	Rating Scale
	
	Continuous quality scale

	Replications
	2
	Two test sites

	Listening System
	
	Binaural listening using high quality open-back, circum-aural headphones

	Listening Environment
	
	30dBA Hoth Spectrum (as defined by ITU-T, Recommendation P.800, Annex A, section A.1.1.2.2.1 Room Noise, with table A.1 and Figure A.1) measured at the head position of the subject


Test 5: Listening test on HRTFs
6.4.2 Methodology
The methodology is derived from the MUSHRA method [2]. The two methods differ in the scale used. The MUSHRA test uses a quality scale between 0 and 100. In this new method we replace the quality scale by a comparison scale as in [9] (see figure below) while allowing a more continuous grading with a resolution of 0.1. The hidden reference is added to the items to be evaluated. Its score shall be zero. 
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Listeners should rate the quality by comparison to the given reference for each item, on a scale between -3.0 and 3.0

· 3.0 : Condition is much better than REF

· 2.0 : Condition is better than REF

· 1.0 : Condition is slightly better than REF

· 0.0 : Condition is similar to REF

· -1.0 : Condition is slightly worse than REF 

· -2.0 : Condition is worse than REF

· -3.0 : Condition is much worse than REF

6.4.3 Conditions

Different HRTF sets should be tested corresponding to different heads or different directions. A maximum of 4 HRTF sets will be tested to reduce the duration of the test. The reference is the backward-compatible stereo downmix and a mono downmix is added as an anchor condition as specified in ITU-R BS.775-1 [3].
The processing steps required obtaining the reference, the evaluation codecs and the anchor are depicted in the following Figure.
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Each company that wants to provide a set of HRTF filters to be tested shall process the test items and provides them to the test sites. One common HRTF set “A” should be used by all labs, which is the KEMAR as described in [10].

The processing consists of filtering the items with the HRTF and aligning them in time and loudness with the corresponding reference item. The loudness normalization is conducted by applying a single time and frequency independent gain to the item under test.

	Main Codec Conditions
	
	

	Evaluation conditions
	1
	5.1 Original filtered with HRTF set A (KEMAR)

	
	1
	5.1 Original filtered with HRTF set B

	
	1
	5.1 Original filtered with HRTF set C

	
	1
	5.1 Original filtered with HRTF set D

	
	
	

	Error Conditions
	
	No errors

	Applications
	
	No codec

	
	
	

	References:
	
	

	
	
	

	
	
	

	Other references
	
	

	Open Reference
	1
	Stereo downmix of original 5.1

	Hidden Reference
	1
	Stereo downmix of original 5.1

	Anchors
	1
	Mono downmix of original 5.1

	
	
	

	Common Conditions
	
	

	Number of test items
	12
	

	Listening Level
	
	To be chosen by subject

	Listeners
	12
	Experienced listeners

	Presentation randomizations
	12
	One per listener

	Rating Scale
	
	Continuous comparison scale

	No of test labs
	2
	Two test sites

	Listening System
	2
	High quality open-back, circum-aural headphones

Ear-bud type

	Listening Environment
	
	Room Noise: Hoth Spectrum at 30dBA (as defined by ITU-T, Recommendation P.800, Annex A, section A.1.1.2.2.1 Room Noise, with table A.1 and Figure A.1)


6.5 Material

See section 4.

6.6 Experimental Design

See section 5.2
6.7 Grading Scale

The question asked of the subject will be a continuous Listening Quality Scale ranging from 0 to 100 for the MUSHRA methodology.

The intervals 0 to 20 correspond to BAD, 20 to 40 to POOR, 40-60 to FAIR, 60 to 80 to GOOD, and 80 to 100 to EXCELLENT.

If a different grading scale it used, the details are given in the test description of the specific test, see section 6.1

6.8 Processing

Processing is specified in section 7.

6.9 Duration of the Experiment

The duration of the experiment per subject depends on the number of trials and on the number of items per trial. 

In order to avoid listener fatigue, sufficient breaks are required between the trials. 

The experiments can be carried out with several subjects in parallel provided that a corresponding number of proper listening facilities are available. 

6.10 Votes per Condition

The number of votes per conditions is identical to the number of subjects per sub-experiment.

6.11 Randomizations

Each listener will be presented with the sound items in an individual random presentation order. Also the order of the trials will be random per individual. It is noted that the randomization is typically part of the functionality of the tools used to perform subjective audio quality evaluation. 
7 Processing
7.1.1 Processing of anchor conditions

The creation of anchor conditions should be performed using the “resamp-audio” tool of the AFSP library [12]. 

Usage examples: Assuming a stereo .wav file sampled at 44.1kHz as the input signal, the anchor signals are created by the following command lines:

· 3.5kHz anchor signal: ResampAudio –i 1 –f cutoff= 0.079365 <input-file.wav> <output-file.wav>

7.1.2 Codec under test and reference codec processing

The material file will be created by the technology providers. The technology providers make sure that possible codec delay is properly compensated. 

The technology providers will report:

· The overall average bit-rate per item for each test.

· The overall average bit-rate per item for each test split into core codec and surround extension bit-rate.
7.1.2.1 Impaired channel processing

[To be updated: pending availability error patterns.]
A volunteering organization will create FER pattern files at the agreed upon average error rates using a random number generator. 
The format of the FER pattern file shall be ASCII text with one line per frame. A ‘0’ (zero) in a line indicates a correct frame, a ‘1’ (one) indicates a frame erasure.
The file shall contain 30000 entries. This way, it is sufficiently long to cover the complete training and test material (15 items total). When applying the FER pattern file, entries used for one item shall not be re-used for another item. The item preparation entity should select appropriate means to ensure the non-re-use (offset or sub-sampling).
7.2 Post-processing

If required, resampling to the original sampling frequency of 44.1 kHz will be done using the “resamp-audio” tool from the AFSP library [12]. The resampling will be conducted by the technology providers.
Usage example: To resample a .wav file of an arbitrary sampling rate to 44.1 kHz sampling rate, the following command line should be used:

· ResampAudio –s 44100 <input-file.wav> <output-file.wav>
7.3 Loudness normalization prior to testing
If required, loudness normalization will be applied to ensure a similar loudness of the reference condition and the codec under test. The loudness normalization is conducted by applying a single time- and frequency-independent gain to the item under test. The loudness normalization will be done using the “resamp-audio” tool from the AFSP library. The loudness normalization will be conducted by the technology providers. 

Usage example: To increase the level of a .wav file with approximately 3 dB (gain 1.41):

· ResampAudio –g 1.41 <input-file.wav> <output-file.wav>

The gain is calculated from the average rms value of the processed items. It is applied to each condition to normalize the output to have the same rms. Any further adjustment should be reported, if applied.
7.4 Blinding of material

The purpose of blinding is to obscure the identity of the different codecs, reference and anchor conditions. The individual test laboratories are responsible for the blinding and randomisation.
8 Time line

	Week
	Meeting calendar
	Actions

	46
	SA4#56
	· Agree upon test laboratories and distribution of tests across test labs

· Agree upon volunteer for error pattern generation

· Approve test plan from AHQ
· Agree upon performance requirements

	47
	
	Wednesday, November 18th[tbc] Error patterns distributed to technology providers

	47
	
	Friday, November 20th: Technology providers distribute test items to test laboratories

	48
	
	Test laboratories commence testing

	50
	
	

	51
	
	

	52
	
	

	53
	
	

	1
	
	

	2
	
	Thursday January 7th  Delivery of test results (raw data) from each test lab to the global analysis laboratory

	3
	
	Tuesday, January 19th: Document upload deadline, test laboratories provide test reports
Global analysis laboratory provides a contribution to SA4#57

	4
	SA4#57
	Discussion of test results












Annex A: Listeners Instructions

The following is an example of the type of instructions that should be given to or read to the subjects in order to instruct them on how to perform the test.

Instructions to be given to subjects

1
Training phase

The first step in the listening tests is to become familiar with the testing process. This phase is called a training phase and it precedes the formal evaluation or blind grading phase.

The purpose of the training phase is to allow you, as an evaluator, to learn how to use the test equipment and the grading scale.

In the training phase you will make a short test similar to the one you will make in the blind grading phase of the test. 

2
Blind grading phase

The purpose of the blind grading phase is to invite you to assign your grades using the quality scale. Your grades should reflect your subjective judgement of the quality level for each of the sound excerpts presented to you. Each trial will contain <x> signals to be graded. Each of the items is approximately 7 to 20s long. You should listen to the reference and all the test conditions by clicking on the respective buttons. In a first step it is recommended to browse through all signals within each trial in order to get a coarse impression of the offered quality range. Then you may listen more carefully and start to rank the signals. You may listen to the signals in any order, any number of times. Use the slider for each signal to indicate your opinion of its quality. When you are satisfied with your grading of all signals you should click on the “register scores” button at the bottom of the screen.

You will use the quality scale as given in Fig. 1 when assigning your grades.

The grading scale is continuous from “excellent” to “bad”. A grade of 0 corresponds to the bottom of the “bad” category, while a grade of 100 corresponds to the top of the “excellent” category.

In evaluating the sound excerpts, please note that you should not necessarily give a grade in the “bad” category to the sound excerpt with the lowest quality in the test. However one or more excerpts must be given a grade of 100 because the unprocessed reference signal is included as one of the excerpts to be graded.You should not discuss your personal interpretation or your gradings with the other subjects at any time during the test.
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An example of the user interface used in the blind grading phase
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An example of the user interface used in the blind grading phase












