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0 Important open issues

· Identify host lab

· Identify listening labs
· Identify global analysis lab
· Decide on number of critical and typical items out of each sound category to use in the experiments in order to reduce experiment size
· Confirm stereo anchors
· Update after number of AMR-WB+ candidates is fixed
· Identify material selection panel
· Processing of candidate and reference codec conditions
1 Introduction

This document is the permanent document WB+-x and contains the complete set of experimental designs for the selection phase of the Wideband Adaptive Multi-Rate extension codec (AMR-WB+).

The selection tests are split in 4 experiment categories:

· Experiment 1: Audio content performance for ideal channels

· Experiment 2: Clean and noisy speech performance for ideal channels

· Experiment 3: Audio content performance for impaired channels

· Experiment 4: Clean and noisy speech performance for impaired channels

All experiments are dimensioned for testing one AMRWB+ candidate codec against the references. In case of more than one candidate codec, the experiments will be duplicated for each candidate. The testing is done according to the MUSHRA methodology.

All experiments are divided into sub-experiments, as shown in Table 2‑1.

Table 2‑1: Sub-experiments for the AMR-WB+ tests
	Exp.
	Investigation Area
	Mono/
Stereo
	#Modes in test
	#References in test
	#Anchors in test
	#items
	Total

	1A
	Audio content performance for ideal channels use case A
	M
	3
	3
	2


	X
	Y



	1B
	Audio content performance for ideal channels use case A
	S
	2
	2
	4
	X
	Y

	1C
	Audio content performance for ideal channels use case B
	M
	3
	3
	2


	X
	Y

	1D
	Audio content performance for ideal channels use case B
	S
	2
	2
	4
	X
	Y

	2A
	Clean and noisy speech content performance for ideal channels use case A
	M
	3
	3
	2


	X
	Y



	2B
	Clean and noisy speech content performance for ideal channels use case A
	S
	2
	2
	4
	X
	Y

	2C
	Clean and noisy speech content performance for ideal channels use case B
	M
	3
	3
	2


	X
	Y

	2D
	Clean and noisy speech content performance for ideal channels use case B
	S
	2
	2
	4
	X
	Y

	3A
	Audio content performance for impaired channels use case A
	M
	3
	3
	2


	X
	Y



	3B
	Audio content performance for impaired channels use case A
	S
	2
	2
	4
	X
	Y

	3C
	Audio content performance for impaired channels use case B
	M
	3
	3
	2


	X
	Y

	3D
	Audio content performance for impaired channels use case B
	S
	2
	2
	4
	X
	Y

	4A
	Clean and noisy speech content performance for impaired channels use case A
	M
	3
	3
	2


	X
	Y



	4B
	Clean and noisy speech content performance for impaired channels use case A
	S
	2
	2
	4
	X
	Y

	4C
	Clean and noisy speech content performance for impaired channels use case B
	M
	3
	3
	2


	X
	Y

	4D
	Clean and noisy speech content performance for impaired channels use case B
	S
	2
	2
	4
	X
	Y


Section 2 provides a list of reference documents and contact names for any question related to the test plans.

Section 4 gives an overview of the audio and speech material required for the testing. The specification of the processing functions of the speech material is included in the permanent document WB+-x.

Sections 5 to 10 contain the test plans for each experiment.

Annex A contains English language examples of instructions for the listening subjects for the MUSHRA test methodology used in the experiments.

Annex B presents the filename convention.

1.1 Responsibilities

1.2 
The processing will be done by the candidates. The funding for the Selection tests will be equally shared between the proponents.

<tbd> will serve as host laboratory. The host laboratory will have the following responsibilities:

· Receive candidate testing material after the call for the material and distribute it to the material selection panel. 

· Prepare testing and training material based on the indications from the material selection panel.

· Receive executables of the candidate codecs from the codec proponents. 

· Process reference, anchor and codec conditions.

· Cross-check the processing between the host laboratories and the codec proponents: provide the processed material to the codec proponents who cross-check. 

· Assemble the final distribution of the processed material to the listening laboratories, which includes blinding of the material.

The selection experiments for each candidate codec are run by two test houses in parallel, as shown in Table 2‑2. The experiments are replicated by for each candidate codec.

Table 2‑2: Allocation of Experiments to the Listening Laboratories
	Exp.
	Lab1
	Lab2
	Lab3
	Lab4
	Lab5
	Lab6
	Total
	Size

	LL ID
	A
	b
	c
	d
	E
	F
	Per Exp.
	

	1A
	
	
	
	
	
	
	2
	

	1B
	
	
	
	
	
	
	2
	

	1C
	
	
	
	
	
	
	2
	

	1D
	
	
	
	
	
	
	2
	

	2A
	
	
	
	
	
	
	2
	

	2B
	
	
	
	
	
	
	2
	

	2C
	
	
	
	
	
	
	2
	

	2D
	
	
	
	
	
	
	2
	

	3A
	
	
	
	
	
	
	2
	

	3B
	
	
	
	
	
	
	2
	

	3C
	
	
	
	
	
	
	2
	

	3D
	
	
	
	
	
	
	2
	

	4A
	
	
	
	
	
	
	2
	

	4B
	
	
	
	
	
	
	2
	

	4C
	
	
	
	
	
	
	2
	

	4D
	
	
	
	
	
	
	2
	

	Totals:
	
	
	
	
	
	
	38
	


Each test house will be asked to provide a full report of the experiments performed as part of the AMR-WB+ selection phase. The test results will be included in spreadsheets prepared to that purpose. Any deviations from the specifications contained in this document will be documented along with the results.

The test results will then be combined by the Global Analysis Laboratory [TBD] and presented to SA4. 

1.3 Contact Names

Tbd.

2 References and Conventions

2.1 Permanent Documents

The permanent documents listed in the following table provide additional information on the AMR-WB+ work item.

	WB Perm.#
	Subject
	Editor
	Last version

	1
	AMR-WB+ Schedule
	
	

	2
	AMR-WB+ Design Constraints  
	
	

	3
	AMR-WB+ Performance Requirements
	
	

	4
	AMR-WB+ Test and Processing Plan
	
	

	5
	AMR-WB+ Test Results
	
	

	6
	AMR-WB+ Candidate Comparison
	
	


2.2 Reference Documents

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


2.3 Key Acronyms

Tba.

3 Test Material

The test material will be composed following a similar approach as in MPEG audio codec standardization. First, a call will be sent out for stereo test material according to a number of generic audio signal or speech categories. Then, a selection panel will identify 1? critical and 1? typical item out of each category to be used in the experiments. The maximum lengths in time of the items will 20 s. 
For the speech case, it is hard to distinguish between critical and typical items. For this case only one item per category will be selected.
3.1 Test material for experiments 1 and 3

Generic audio signal categories:

· Single Instrument

· Pop

· Classical

· Complex

· Speech 

· Vocal

· Choir

· Mixed speech+music (Voice over music)

3.2 Test material for experiments 2 and 4

Speech categories:

· Clean

· Noisy: car/street/babble
Stereo image categories:

· Two talkers at different locations

· Moving talker, fixed background

· Fixed talker, moving background

For the mono sub-experiments 2 male and 2 female items will be used for both clean and noisy category. I.e. a total of 8 items is used.

For the stereo tests 2 items will be used for each stereo image category. For the two-talker category, 2 items are used with one male at one and one female at one other location. The utterances of the talkers are not interfering. For the categories with background, one male and one female talker will be used. In total a number of 6 items is used in the stereo sub-experiments.
3.3 Material selection panel

The selection panel is formed by the following organizations:

· Organizations TBA
Candidate material has to be submitted to the selection panel until submission date of the candidate codecs. The selection of the material to be used in the test will be made by agreement within the selection panel after submission of the candidate codecs. Agreement will be reached by e-mail correspondence within the selection panel.  
3.4 Training material

Limited material will be used in the test training phase in which the subjects familiarize with the testing methodology and environment.

The training will be made with one sound item identified by the selection panel.
4 Information relevant to all Experiments

4.1 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, subjects should be seated in a quiet 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. 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. 

The test stimuli will be presented to the subjects over headphones meeting one of the following requirements:

1)

Binaural listening using closed-back, supra-aural headphones;

2) 
Binaural listening using open-back, circum-aural headphones. 

4.2 Testing methodology

The testing is carried out according to MUSHRA methodology [1], which is suitable for evaluation of intermediate audio quality and gives accurate and reliable results. It is used here both for the evaluation of audio and speech signal quality, i.e. experiments 1 and 3 resp. 2 and 4. 

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.  

4.3 Error Patterns and Error Conditions

Error conditions will be applied in experiments 3 and 4 according to document WB+-3 (Performance requirements).
4.4 Training phase

Prior to the actual testing a training phase is carried out in which the test subject familiarized with testing methodology and environment. The training is done following the same MUSHRA methodology as the actual test, though limited to a single trial.
The training is based on one sound item of which the original version and three low-pass filtered versions are used. The original item is used as open and hidden references. The three test items are 7kHz, 5.25, and 3.5 kHz filtered versions of the original item.   
5 Experiment 1: Audio content performance for ideal channels
5.1 Introduction

This experiment is designed to evaluate the error-free, generic audio signal performance of the candidate codec. In case of several candidate codecs, the experiment is duplicated for each candidate.

The experiment comprises the following sub-experiments:

· Experiment 1A: Audio content performance for ideal channels use case A, mono modes

· Experiment 1B: Audio content performance for ideal channels use case A, stereo modes

· Experiment 1C: Audio content performance for ideal channels use case B, mono modes

· Experiment 1D: Audio content performance for ideal channels use case B, stereo modes

The details provided in this section are those that are specific to this particular experiment. Generic information, relevant to this and other experiments can be found in Section 5. Therefore Listening Laboratories should use the information in Section 5 in conjunction with the information given in this section.

5.2 Test Conditions

Table 6‑2(a) - Table 6‑2(d) show the conditions to be used in this experiment. 

Table 6‑2 (a): Conditions and factors for Experiment 1A

	Main Codec Conditions
	
	

	Candidates
	1
	

	Use case
	1
	A

	Error Conditions
	1
	No errors

	Mono/Stereo
	1
	Mono

	Applications
	3
	Very low rate 16 kHz, low rate 16 kHz, low-rate 24/32 kHz

	
	
	

	Codec references
	
	

	Codec references
	3
	14kbps-, 18 kbps-, 24 kbps- mono requirements

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	2
	3.5 kHz and 7 kHz band-limited original signal 

	
	
	

	Common Conditions
	
	

	Radio Channels
	0
	

	Number of audio categories
	8
	

	Number of stereo image categories
	1
	

	Stimulus type
	
	Sound item

	Number of items per category
	2
	One critical and one typical

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One for each listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	x
	The experiment is done for each of the x codec candidates

	Listening System
	1
	Binaural high-quality headphones (flat response in the audio bandwidth)

	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)


Table 6‑2(b): Conditions and factors for Experiment 1B

	Main Codec Conditions
	
	

	Candidates
	1
	

	Use case
	1
	A

	Error Conditions
	1
	No errors

	Mono/Stereo
	1
	Stereo

	Applications
	2
	low rate 16 kHz, low-rate 24/32 kHz

	
	
	

	Codec references
	
	

	Codec references
	2
	18 kbps-, 24 kbps- stereo requirements

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	4
	3.5 kHz and 7 kHz band-limited original signal times
2 reduced stereo images: 
a1 * st + (1-a1)*mo, 
a2 * st + (1-a2)*mo

a1 = 0.5, a2 = 0,  TBC.

	
	
	

	Common Conditions
	
	

	Radio Channels
	0
	

	Number of audio categories
	8
	

	Number of stereo image categories
	1
	

	Stimulus type
	
	Sound item

	Number of items per category
	2
	One critical and one typical

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One for each listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	x
	The experiment is done for each of the x codec candidates

	Listening System
	1
	Binaural high-quality headphones (flat response in the audio bandwidth)

	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)


Table 6‑2(c): Conditions and factors for Experiment 1C

	Main Codec Conditions
	
	

	Candidates
	1
	

	Use case
	1
	B

	Error Conditions
	1
	No errors

	Mono/Stereo
	1
	Mono

	Applications
	3
	Very low rate 16 kHz, low rate 16 kHz, low-rate 24/32 kHz

	
	
	

	Codec references
	
	

	Codec references
	3
	14kbps-, 18 kbps-, 24 kbps- mono requirements

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	2
	3.5 kHz and 7 kHz band-limited original signal 

	
	
	

	Common Conditions
	
	

	Radio Channels
	0
	

	Number of audio categories
	8
	

	Number of stereo image categories
	1
	

	Stimulus type
	
	Sound item

	Number of items per category
	2
	One critical and one typical

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One for each listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	x
	The experiment is done for each of the x codec candidates

	Listening System
	1
	Binaural high-quality headphones (flat response in the audio bandwidth)

	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)


Table 6‑2(d): Conditions and factors for Experiment 1D

	Main Codec Conditions
	
	

	Candidates
	1
	

	Use case
	1
	A

	Error Conditions
	1
	No errors

	Mono/Stereo
	1
	Stereo

	Applications
	2
	low rate 16 kHz, low-rate 24/32 kHz

	
	
	

	Codec references
	
	

	Codec references
	2
	18 kbps-, 24 kbps- stereo requirements

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	4
	3.5 kHz and 7 kHz band-limited original signal times
2 reduced stereo images: 
a1 * st + (1-a1)*mo, 
a2 * st + (1-a2)*mo

a1 = 0.5, a2 = 0, TBC.

	
	
	

	Common Conditions
	
	

	Radio Channels
	0
	

	Number of audio categories
	8
	

	Number of stereo image categories
	1
	

	Stimulus type
	
	Sound item

	Number of items per category
	2
	One critical and one typical

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One for each listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	x
	The experiment is done for each of the x codec candidates

	Listening System
	1
	Binaural high-quality headphones (flat response in the audio bandwidth)

	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)


5.3 Material

See section 3.
5.4 Experimental Design

See section 4.2
5.5 Opinion Scale

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

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.

5.6 Processing

Processing is specified in section 9.
5.7 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. It can further be assumed that each vote requires listening to the respective item, the open reference and two (quality-wise) neighboring items 2 times. With an assumed average length per item of 10 s, the test will consume a listening time per subject of:

#trial * #hidden items/trial * (1+1+2) * #re-listenings * length/item.
For the testing phase the sub-experiments this accounts to
16 * 9 * 4 * 2 * 10s = 3,2 hours per subject

The training phase is assumed to take 5 min. 

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. 
5.8 Votes Per Condition

The number of votes per conditions is identical with the number of subjects per sub-experiment.
5.9 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.
6 Experiment 2: Speech content performance for ideal channels


6.1 Introduction

This experiment is designed to evaluate the error-free, speech signal performance of the candidate codec. In case of several candidate codecs, the experiment is duplicated for each candidate.

The experiment comprises the following sub-experiments:

· Experiment 2A: Speech content performance for ideal channels use case A, mono modes

· Experiment 2B: Speech content performance for ideal channels use case A, stereo modes

· Experiment 2C: Speech content performance for ideal channels use case B, mono modes

· Experiment 2D: Speech content performance for ideal channels use case B, stereo modes

The details provided in this section are those that are specific to this particular experiment. Generic information, relevant to this and other experiments can be found in Section 5. Therefore Listening Laboratories should use the information in Section 5 in conjunction with the information given in this section.

6.2 Test Conditions

Table 6‑1(a) - Table 6‑1(d) show the conditions to be used in this experiment. 

Table 6‑2(a): Conditions and factors for Experiment 2A

	Main Codec Conditions
	
	

	Candidates
	1
	

	Use case
	1
	A

	Error Conditions
	1
	No errors

	Mono/Stereo
	1
	Mono

	Applications
	3
	Very low rate 16 kHz, low rate 16 kHz, low-rate 24/32 kHz

	
	
	

	Codec references
	
	

	Codec references
	3
	14kbps-, 18 kbps-, 24 kbps- mono requirements

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	2
	3.5 kHz and 7 kHz band-limited original signal 

	
	
	

	Common Conditions
	
	

	Radio Channels
	0
	

	Number of audio categories
	2
	Clean and noisy

	Number of stereo image categories
	1
	

	Stimulus type
	
	Sound item

	Number of items per category
	4
	2 male and 2 female

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One for each listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	x
	The experiment is done for each of the x codec candidates

	Listening System
	1
	Binaural high-quality headphones (flat response in the audio bandwidth)

	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)


Table 6‑2(b): Conditions and factors for Experiment 2B

	Main Codec Conditions
	
	

	Candidates
	1
	

	Use case
	1
	A

	Error Conditions
	1
	No errors

	Mono/Stereo
	1
	Stereo

	Applications
	2
	low rate 16 kHz, low-rate 24/32kHz

	
	
	

	Codec references
	
	

	Codec references
	2
	18 kbps-, 24 kbps- stereo requirements

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	4
	3.5 kHz and 7 kHz band-limited original signal times
2 reduced stereo images: 
a1 * st + (1-a1)*mo, 
a2 * st + (1-a2)*mo

a1 = 0.5, a2 = 0

	
	
	

	Common Conditions
	
	

	Radio Channels
	0
	

	Number of audio categories
	2
	Clean and noisy

	Number of stereo image categories
	3
	

	Stimulus type
	
	Sound item

	Number of items per stereo image category
	2
	1 male and 1 female

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One for each listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	x
	The experiment is done for each of the x codec candidates

	Listening System
	1
	Binaural high-quality headphones (flat response in the audio bandwidth)

	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)


Table 6‑1(c): Conditions and factors for Experiment 2C

	Main Codec Conditions
	
	

	Candidates
	1
	

	Use case
	1
	B

	Error Conditions
	1
	No errors

	Mono/Stereo
	1
	Mono

	Applications
	3
	Very low rate 16 kHz, low rate 16 kHz, low-rate 24/32 kHz

	
	
	

	Codec references
	
	

	Codec references
	3
	14kbps-, 18 kbps-, 24 kbps- mono requirements

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	2
	3.5 kHz and 7 kHz band-limited original signal 

	
	
	

	Common Conditions
	
	

	Radio Channels
	0
	

	Number of audio categories
	2
	Clean and noisy

	Number of stereo image categories
	1
	

	Stimulus type
	
	Sound item

	Number of items per category
	4
	2 male and 2 female

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One for each listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	x
	The experiment is done for each of the x codec candidates

	Listening System
	1
	Binaural high-quality headphones (flat response in the audio bandwidth)

	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)


Table 6‑2(d): Conditions and factors for Experiment 2D

	Main Codec Conditions
	
	

	Candidates
	1
	

	Use case
	1
	A

	Error Conditions
	1
	No errors

	Mono/Stereo
	1
	Stereo

	Applications
	2
	Low rate 16 kHz, low-rate 24/32kHz

	
	
	

	Codec references
	
	

	Codec references
	2
	18 kbps-, 24 kbps- stereo requirements

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	4
	3.5 kHz and 7 kHz band-limited original signal times
2 reduced stereo images: 
a1 * st + (1-a1)*mo, 
a2 * st + (1-a2)*mo

a1 = 0.5, a2 = 0

	
	
	

	Common Conditions
	
	

	Radio Channels
	0
	

	Number of audio categories
	2
	Clean and noisy

	Number of stereo image categories
	3
	

	Stimulus type
	
	Sound item

	Number of items per stereo image category
	2
	1 male and 1 female

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One for each listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	x
	The experiment is done for each of the x codec candidates

	Listening System
	1
	Binaural high-quality headphones (flat response in the audio bandwidth)

	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 Material

See section 3.

6.4 Experimental Design

See section 4.2
6.5 Opinion Scale

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

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.

6.6 Processing

Processing is specified in section 9.

6.7 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. It can further be assumed that each vote requires listening to the respective item, the open reference and two (quality-wise) neighboring items 2 times. The test will consume a listening time per subject of:

#trials * #hidden items/trial * (1+1+2) * #re-listenings * length/item.

For the testing phase the mono sub-experiments A and C, an average length of 8s per item can be assumed. This accounts to

8 * 9 * 4 * 2 * 8s = 1,28 hours per subject.

For the testing phase the stereo sub-experiments B and D, an average length of 12s per item can be assumed. This accounts to

6 * 9 * 4 * 2 * 12s = 1,44 hours per subject.

The training phase is assumed to take 5 min. 

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. 

6.8 Votes Per Condition

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

6.9 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.
7 Experiment 3: Audio content performance for impaired channels

7.1  Introduction

This experiment is designed to evaluate the generic audio signal performance of the candidate codec fed through an impaired channel. In case of several candidate codecs, the experiment is duplicated for each candidate.

The experiment comprises the following sub-experiments:

· Experiment 3A: Audio content performance for impaired channels use case A, mono modes

· Experiment 3B: Audio content performance for impaired channels use case A, stereo modes

· Experiment 3C: Audio content performance for impaired channels use case B, mono modes

· Experiment 3D: Audio content performance for impaired channels use case B, stereo modes

The details provided in this section are those that are specific to this particular experiment. Generic information, relevant to this and other experiments can be found in Section 5. Therefore Listening Laboratories should use the information in Section 5 in conjunction with the information given in this section.

7.2 Test Conditions

Table 7‑1(a) - Table 7‑1 (d) show the conditions to be used in this experiment. 

Table 7‑2 (a): Conditions and factors for Experiment 3A

	Main Codec Conditions
	
	

	Candidates
	1
	

	Use case
	1
	A

	Error Conditions
	1
	1% frame error rate, errors randomly distributed

	Mono/Stereo
	1
	Mono

	Applications
	3
	Very low rate 16 kHz, low rate 16 kHz, low-rate 24/32kHz

	
	
	

	Codec references
	
	

	Codec references
	3
	14kbps-, 18 kbps-, 24 kbps- mono requirements

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	2
	3.5 kHz and 7 kHz band-limited original signal 

	
	
	

	Common Conditions
	
	

	Radio Channels
	0
	

	Number of audio categories
	8
	

	Number of stereo image categories
	1
	

	Stimulus type
	
	Sound item

	Number of items per category
	2
	One critical and one typical

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One for each listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	x
	The experiment is done for each of the x codec candidates

	Listening System
	1
	Binaural high-quality headphones (flat response in the audio bandwidth)

	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)


Table 7-2(b): Conditions and factors for Experiment 3B

	Main Codec Conditions
	
	

	Candidates
	1
	

	Use case
	1
	A

	Error Conditions
	1
	1% frame error rate, errors randomly distributed

	Mono/Stereo
	1
	Stereo

	Applications
	2
	low rate 16 kHz, low-rate 24/32kHz

	
	
	

	Codec references
	
	

	Codec references
	2
	18 kbps-, 24 kbps- stereo requirements

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	4
	3.5 kHz and 7 kHz band-limited original signal times
2 reduced stereo images: 
a1 * st + (1-a1)*mo, 
a2 * st + (1-a2)*mo

a1 = 0.5, a2 = 0

	
	
	

	Common Conditions
	
	

	Radio Channels
	0
	

	Number of audio categories
	8
	

	Number of stereo image categories
	1
	

	Stimulus type
	
	Sound item

	Number of items per category
	2
	One critical and one typical

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One for each listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	x
	The experiment is done for each of the x codec candidates

	Listening System
	1
	Binaural high-quality headphones (flat response in the audio bandwidth)

	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)


Table 7‑1(c): Conditions and factors for Experiment 3C

	Main Codec Conditions
	
	

	Candidates
	1
	

	Use case
	1
	B

	Error Conditions
	1
	1% frame error rate, errors randomly distributed

	Mono/Stereo
	1
	Mono

	Applications
	3
	Very low rate 16 kHz, low rate 16 kHz, low-rate 24/32kHz 

	
	
	

	Codec references
	
	

	Codec references
	3
	14kbps-, 18 kbps-, 24 kbps- mono requirements

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	2
	3.5 kHz and 7 kHz band-limited original signal 

	
	
	

	Common Conditions
	
	

	Radio Channels
	0
	

	Number of audio categories
	8
	

	Number of stereo image categories
	1
	

	Stimulus type
	
	Sound item

	Number of items per category
	2
	One critical and one typical

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One for each listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	x
	The experiment is done for each of the x codec candidates

	Listening System
	1
	Binaural high-quality headphones (flat response in the audio bandwidth)

	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)


Table 7‑2(d): Conditions and factors for Experiment 3D

	Main Codec Conditions
	
	

	Candidates
	1
	

	Use case
	1
	A

	Error Conditions
	1
	1% frame error rate, errors randomly distributed

	Mono/Stereo
	1
	Stereo

	Applications
	2
	low rate 16 kHz, low-rate 24/32 kHz

	
	
	

	Codec references
	
	

	Codec references
	2
	18 kbps-, 24 kbps- stereo requirements

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	4
	3.5 kHz and 7 kHz band-limited original signal times
2 reduced stereo images: 
a1 * st + (1-a1)*mo, 
a2 * st + (1-a2)*mo

a1 = 0.5, a2 = 0

	
	
	

	Common Conditions
	
	

	Radio Channels
	0
	

	Number of audio categories
	8
	

	Number of stereo image categories
	1
	

	Stimulus type
	
	Sound item

	Number of items per category
	2
	One critical and one typical

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One for each listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	x
	The experiment is done for each of the x codec candidates

	Listening System
	1
	Binaural high-quality headphones (flat response in the audio bandwidth)

	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)


7.3 Material

See section 3.

7.4 Experimental Design

See section 4.2
7.5 Opinion Scale

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

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.

7.6 Processing

Processing is specified in section 9.

7.7 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. It can further be assumed that each vote requires listening to the respective item, the open reference and two (quality-wise) neighboring items 2 times. With an assumed average length per item of 10 s, the test will consume a listening time per subject of:

#trial * #hidden items/trial * (1+1+2) * #re-listenings * length/item.

For the testing phase the sub-experiments this accounts to

16 * 9 * 4 * 2 * 10s = 3,2 hours per subject

The training phase is assumed to take 5 min. 

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.
7.8 Votes Per Condition

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

7.9 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.
8 Experiment 4: Speech content performance for impaired channels


8.1 Introduction

This experiment is designed to evaluate the speech signal performance of the candidate codec fed through an impaired channel. In case of several candidate codecs, the experiment is duplicated for each candidate.

The experiment comprises the following sub-experiments:

· Experiment 4A: Audio content performance for impaired channels use case A, mono modes

· Experiment 4B: Audio content performance for impaired channels use case A, stereo modes

· Experiment 4C: Audio content performance for impaired channels use case B, mono modes

· Experiment 4D: Audio content performance for impaired channels use case B, stereo modes

The details provided in this section are those that are specific to this particular experiment. Generic information, relevant to this and other experiments can be found in Section 5. Therefore Listening Laboratories should use the information in Section 5 in conjunction with the information given in this section.

8.2 Test Conditions

Table 8‑1(a) - Table 8‑1(d) show the conditions to be used in this experiment. 

Table 8‑2 (a): Conditions and factors for Experiment 4A

	Main Codec Conditions
	
	

	Candidates
	1
	

	Use case
	1
	A

	Error Conditions
	1
	1% frame error rate, errors randomly distributed

	Mono/Stereo
	1
	Mono

	Applications
	3
	Very low rate 16 kHz, low rate 16 kHz, low-rate 24/32kHz

	
	
	

	Codec references
	
	

	Codec references
	3
	14kbps-, 18 kbps-, 24 kbps- mono requirements

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	2
	3.5 kHz and 7 kHz band-limited original signal 

	
	
	

	Common Conditions
	
	

	Radio Channels
	1
	1% FER

	Number of audio categories
	2
	Clean and noisy

	Number of stereo image categories
	1
	

	Stimulus type
	
	Sound item

	Number of items per category
	4
	2 male and 2 female

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One for each listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	x
	The experiment is done for each of the x codec candidates

	Listening System
	1
	Binaural high-quality headphones (flat response in the audio bandwidth)

	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)


Table 8-2(b): Conditions and factors for Experiment 4B

	Main Codec Conditions
	
	

	Candidates
	1
	

	Use case
	1
	A

	Error Conditions
	1
	1% frame error rate, errors randomly distributed

	Mono/Stereo
	1
	Stereo

	Applications
	2
	low rate 16 kHz, low-rate 24/32kHz

	
	
	

	Codec references
	
	

	Codec references
	2
	18 kbps-, 24 kbps- stereo requirements

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	4
	3.5 kHz and 7 kHz band-limited original signal times
2 reduced stereo images: 
a1 * st + (1-a1)*mo, 
a2 * st + (1-a2)*mo

a1 = 0.5, a2 = 0

	
	
	

	Common Conditions
	
	

	Radio Channels
	1
	1 % FER

	Number of audio categories
	2
	Clean and noisy

	Number of stereo image categories
	3
	

	Stimulus type
	
	Sound item

	Number of items per stereo image category
	2
	1 male and 1 female

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One for each listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	x
	The experiment is done for each of the x codec candidates

	Listening System
	1
	Binaural high-quality headphones (flat response in the audio bandwidth)

	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)


Table 8‑1(c): Conditions and factors for Experiment 4C

	Main Codec Conditions
	
	

	Candidates
	1
	

	Use case
	1
	B

	Error Conditions
	1
	1% frame error rate, errors randomly distributed

	Mono/Stereo
	1
	Mono

	Applications
	3
	Very low rate 16 kHz, low rate 16 kHz, low-rate 24/32kHz 

	
	
	

	Codec references
	
	

	Codec references
	3
	14kbps-, 18 kbps-, 24 kbps- mono requirements

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	2
	3.5 kHz and 7 kHz band-limited original signal 

	
	
	

	Common Conditions
	
	

	Radio Channels
	1
	1% FER

	Number of audio categories
	2
	Clean and noisy

	Number of stereo image categories
	1
	

	Stimulus type
	
	Sound item

	Number of items per category
	4
	2 male and 2 female

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One for each listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	x
	The experiment is done for each of the x codec candidates

	Listening System
	1
	Binaural high-quality headphones (flat response in the audio bandwidth)

	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)


Table 8‑2(d): Conditions and factors for Experiment 4D

	Main Codec Conditions
	
	

	Candidates
	1
	

	Use case
	1
	A

	Error Conditions
	1
	1% frame error rate, errors randomly distributed

	Mono/Stereo
	1
	Stereo

	Applications
	2
	low rate 16 kHz, low-rate 24/32 kHz

	
	
	

	Codec references
	
	

	Codec references
	2
	18 kbps-, 24 kbps- stereo requirements

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	4
	3.5 kHz and 7 kHz band-limited original signal times
2 reduced stereo images: 
a1 * st + (1-a1)*mo, 
a2 * st + (1-a2)*mo

a1 = 0.5, a2 = 0

	
	
	

	Common Conditions
	
	

	Radio Channels
	1
	1 % FER

	Number of audio categories
	2
	Clean and noisy

	Number of stereo image categories
	3
	

	Stimulus type
	
	Sound item

	Number of items per stereo image category
	2
	1 male and 1 female

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One for each listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	x
	The experiment is done for each of the x codec candidates

	Listening System
	1
	Binaural high-quality headphones (flat response in the audio bandwidth)

	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)


8.3 Material

See section 3.

8.4 Experimental Design

See section 4.2
8.5 Opinion Scale

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

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.

8.6 Processing

Processing is specified in section 9.

8.7 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. It can further be assumed that each vote requires listening to the respective item, the open reference and two (quality-wise) neighboring items 2 times. The test will consume a listening time per subject of:

#trials * #hidden items/trial * (1+1+2) * #re-listenings * length/item.

For the testing phase the mono sub-experiments A and C, an average length of 8s per item can be assumed. This accounts to

8 * 9 * 4 * 2 * 8s = 1,28 hours per subject.

For the testing phase the stereo sub-experiments B and D, an average length of 12s per item can be assumed. This accounts to

6 * 9 * 4 * 2 * 12s = 1,44 hours per subject.

The training phase is assumed to take 5 min. 

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. 

8.8 Votes Per Condition

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

8.9 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.
9 Processing

9.1 Candidate and reference codec processing
9.1.1 Ideal channel processing
Tba.
9.1.2 Impaired channel processing

Tba.
9.2 Processing of anchor conditions
Tba.
Annex A: Listeners Instructions

Tba.
Annex B: Filenaming conventions

Tba.
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