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[bookmark: _Toc244941144]Introduction
The Call for Proposals for 3D Audio (Call) [1] issued at the 103rd MPEG meeting held in Geneva, CH in January 2013. Submissions to the Call are to be evaluated at the 109th MPEG meeting to be held in Sapporo, JP, in July 2014. 

This document gives timeline and submission procedures for responding to the Call. Respondents are strongly urged to review this document so that their submissions are according to the guidelines and hence can be incorporated into the subjective testing process in a timely manner.

The following companies have registered the intent to participate in the Call. The rightmost columns indicate an intention to participate Phase 2 of the Call and to submit Set 1 or Set 2 bitstreams and decoded signals.

[bookmark: _Ref352591668][bookmark: _Ref351546573]Table 1 - Registered Companies
	
	ID
	Company
	Contact
	Email
	Set

	
	
	
	
	
	1
	2

	1
	ETRI
	ETRI
	Jeongil Seo
	seoji@etri.re.kr
	X
	

	2
	IDMT
	FhG-IDMT
	Thomas Sporer
	spo@idmt.fhg.de
	X
	

	3
	IIS
	FhG-IIS
	Jan Plogsties
	Jan.Plogsties@iis.fraunhofer.de
	X
	

	4
	HUA
	Huawei
	Peter Grosche
	peter.grosche@huawei.com
	X
	X

	5
	IOS
	Iosono
	Robert Steffens
	robert.steffens@iosono-sound.com
	X
	

	6
	NHK
	NHK
	Takehiro Sugimoto
	sugimoto.t-fg@nhk.or.jp
	X
	

	7
	ORL
	Orange Labs
	Gregory Pallone 
	gregory.pallone@orange.com
	X
	X

	8
	PHI
	Philips
	Werner Oomen
	werner.oomen@philips.com
	X
	

	9
	QUAL
	Qualcomm
	Deep Sen
	dsen@qti.qualcomm.com
	X
	X

	10
	SONY
	Sony
	Toru Chinen
	Toru.Chinen@jp.sony.com
	X
	

	11
	SWS
	Swissaudec
	Clemens Par
	mail@swissaudec.com
	X
	X

	12
	TECH
	Technicolor
	Oliver Wuebbolt
	oliver.wuebbolt@technicolor.com
	X
	X

	13
	VIS
	VisiSonics 
	Ramani Duraiswami
	ramani.d@visisonics.com
	X
	X

	
	
	
	
	Phase 2 Totals
	13
	6


[bookmark: _Toc244941145]Timetable and Submission Procedures
The following table gives the timeline for submissions to the Call. Reference Model X (RM X) is the latest RM as of the time of the relevant timeline date or meeting date.

[bookmark: _Ref351552645]Table 2 – Timeline for Phase 2
	Meeting / Date
	Action

	April 14, 2014
	Proponent Contact sends email to Test Administrator declaring the intent to participate in Phase 2 testing.

	April 18, 2014
	Proponent Contacts that have sent email to Test Administrator will receive Call FTP site information from Test Administrator

	May 16, 2014
	Proponent processed test items submitted to Call FTP site.

	May 23, 2014
	Test items available to Listening Labs on Call FTP site

	
	Conduct evaluation listening tests

	June 27, 2014
	Listening Labs submit 
· Raw scores via email to Test Administrator
· Contribution to 109th MPEG meeting describing their test setup.

	109th meeting, July 2014
	Proponent written documentation submitted as contribution to 109th MPEG meeting (see Call for Proposals for 3D Audio [1] for details on what documentation must be submitted and when it must be submitted).

	109th meeting, July 2014
	Selection of technology to incorporate into Reference Model X for both CO and HOA technologies.

	110th meeting, October 2014
	Proponent(s) must submit Reference Model X Working Draft text and Reference Software.



Test Administrator
The Test Administrator for the Call shall be the MPEG Audio Chair, whose contact information is:
Schuyler Quackenbush
Audio Research Labs
Email: srq@audioresearchlabs.com
Phone: +1 908 490 0700
[bookmark: _Toc244941146]Access to Original Items, Bitstreams and Decoded Waveforms
Access to Call test items requires proponent companies to execute agreements with the companies that provided the individual test items. Proponent should contact the Test Administrator to obtain the necessary agreement forms. On April 18, 2014, the proponent contact person shown in Table 1 whose company has executed all necessary agreements will receive 
· ShareFile FTP access information for the Call FTP site. 

The FTP site log on information will place Proponents in the ProponentDownloads folder, and from there they can download the original test items and the bitstreams and compressed representations of RM0 and RM(X-1) where RMX denotes the Reference Model, which incorporates selected Phase 2 technologies, and RM(X-1) denotes the previous Reference Model. The ProponentDownloads folder contains the folders:
•	Originals
•	Bitstreams of Reference Model 0 and Reference Model (X-1)
•	Decoded Waveforms for Reference Model 0 and Reference Model (X-1)
•	Scripts

The file format of the Original and the Bitstream signals and file naming of the Original test items and the Bitstream files shall be as in N13412, “Encoder Input Format for MPEG-H 3D Audio” [2]. The file format the file naming of the Decoded Waveforms for Reference Model 0 and Reference Model (X-1) shall be the ones related to the Reference Model 0 and (X-1) reference software.

In the case of Object items, folders with “output” at the end contain rendered signals. In the case of HOA items, folders with “rendered” at the end contain rendered signals. In addition, the HOA test item folder has a “renderer” folder that contains the MATLAB code used to render the HOA test items.

Note that the Scripts folders additionally contain a list of md5sum hash values for the CO and HOA content, along with bash shell scripts can be used to create the hash values (e.g. after download) and check them against reference hash values. Proponents are strongly urged to verify the md5sum hash values of all originals after download!
[bookmark: _Toc244941147]Prepare Coded Items for Subjective Tests
The following terms are defined to facilitate unambiguous specification of bitrates of proponent submitted compressed representations:
· Nominal Bitrate – the bitrate as specified by “Tests 2” in the present clause, e.g. 128 kb/s.
· Target Bitrate – the Nominal Bitrate as modified by C_Factor (if applicable, see Call Annex 4).
· Actual Bitrate – the bitrate for a specific compressed representation of an item submitted by a proponent, as specified in this section under heading “Bitrate of compressed representation.”

Proponents can participate in the tests for Set 1 items, which are Channel and Object based (CO) material, or tests for Set 2 items, which are Higher Order Ambisonics (HOA) based material, or tests for both Set 1 and Set 2. However, proponents shall submit for all tests in a given Set. 

Proponents shall encode and decode each item separately, submitting a compressed representation and decoded waveforms for each item as specified in this section. 

All proponent decoded WAV files shall be time-aligned to within +/- 1 sample relative to the original WAV files and shall be processed versions of the complete original WAV file (i.e. the processed version shall have no more or fewer samples at the beginning or end of the WAV file as compared to the original).

Proponent decoders shall not assume that object meta-data is known to the decoder. For example, if proponent decoders wish to decode and manipulate object signals based on object meta-data, then the proponent bitstreams must carry the object meta-data information, and this information shall be counted as part of the total compressed item bitrate.

Proponents shall submit the following for tests using Set 1 or Set 2 items:

Tests 2
This subjective test is meant to assess the performance of submitted technology over a range of bitrates when used in the Personal TV and TV for SmartPhone application scenario and in which loudspeakers are used to present the audio program. Note that kb/s indicates units of 1000 bits per second. 

Test 2.1-C
	Test Methodology
	MUSHRA

	Presentation
	Loudspeakers, as in Annex 3

	Reference
	The PCM original item is the rendered reference.

	Listening Position
	Sweet Spot

	Test Items
	The 8 channel-based items of Set 1, CO_1 through CO_8

	Bit Rates
	The Target_Bitrate bit rates shall be the following:
128 kb/s, 96 kb/s, 64 kb/s, 48 kb/s

Channel-based items shall be coded with a bitrate of Target_Bitrate * C_Factor, 
where C_Factor is defined in Annex 4 of the Call [1].

	Restrictions
	None

	Requirements addressed
	Localization and Envelopment



Test 2.2-CO
	Test Methodology
	MUSHRA

	Presentation
	Loudspeakers, as in Annex 3

	Reference
	The PCM original item is the rendered reference for channel-based components.
For object-based components, the reference is the waveform used in Test1.1-CO [1].

	Listening Position
	Sweet Spot

	Test Items
	The 4 items of Set 1 containing objects, CO_9 through CO_12

	Bit Rates
	128 kb/s, 96 kb/s, 64 kb/s, 48 kb/s

	Requirements addressed
	Localization and Envelopment



Test 2-HOA
	Test Methodology
	MUSHRA

	Presentation
	Loudspeakers, as in Annex 3

	Reference
	The reference rendering to 22.2 channels, as supplied by the content provider and described in [2]

	Listening Position
	Sweet Spot

	Test Items
	The 12 items in Set 2

	Bit Rates
	128 kb/s, 96 kb/s, 64 kb/s, 48 kb/s

	Requirements addressed
	Localization and Envelopment




Naming of Compressed Representation Files for Test 2
Proponents shall submit compressed representation for all bitrates in Test 2.1-C and Test 2.2-CO if they are participating in Set 1 tests, and Test 2-HOA if they are participating in Set 2 tests.

Proponents shall submit using the following naming procedure. 

Naming of compressed representation:
<test>_<id>_<bitrate>_<item_name>.<ext>

Where 
<test> shall be one of:
Test2-CO (this one label shall be used for items from both Test 2.1-C and Test 2.2-CO)
Test2-HOA
<id> is the ID field from Table 1 - Registered Companies
<bitrate> is in kb/s and constrained to be one of 128, 96, 64, 48. These nominal bitrates shall be used in the filename even if the file has a different target bitrate as determined by C_ Factor.
<item_name> is as shown in the column with heading “Name” in Tables 2 and 3 of Annex 4 in the Call. 
<.ext> can be .mp4 if the ISO MP4 file format is used. This might be the case if an MPEG core coder with a defined MP4 file format is used as a component of the submission. Alternatively, <.ext> could indicate a proprietary file format. Finally, a combination of <.mp4> and proprietary file formats could be used. For example, the compressed representation could be two files per item. 

Examples are shown here:
Test2-CO_<id>_128_CO_01_Church.<ext>
Test2-HOA_<id>_128_H_01_SynthBumbleBee.<ext>

Bitrate of Compressed Representation
For Test 2 for each test item and each target bitrate, proponents shall submit as part of their written documentation a measure of actual bitrate as:
· Average bitrate per coded item, calculated as (total_bits/item_duration) in kb/s.

If a submission has, e.g. two files in an item’s compressed representation, then the total bits calculated to represent an item shall be the sum of the information bits in the two files. 

To permit easy and fair comparisons of submissions, a constant-bit-rate coding method shall be used, although some instantaneously variable allocation is permitted (e.g. as would occur when employing a bit reservoir). It is acknowledged that such a bit reservoir might be used in some submissions, e.g. as is found in MPEG-4 AAC, and the reservoir’s “extra bits” may complicate achieving a target average bitrate. Hence an explicit calculation of “maximum total bits” is made for each test item and each target bitrate, calculated as 
Target_Total_Bits + 6.144 kb/s * number_of_channels + 1% of Target_Total_Bits
where 
6144 bits * number_of_channels + 1% of Target_Total_Bits
is the “overage” bits.

Using the proponent’s bitrate measurement method, each item coded at each target bitrate must have a compressed representation having a bitcount less than the Target Total Bits plus the Overage Bits, as shown in Annex 1. 

Proponents shall clearly explain how to calculate the coded bitrate from the submitted compressed representation. If such bitrate calculation is beyond simple computations based on filesize, proponent shall provide a utility as both source-code and executable that can be used in the bitrate computation. For example, this might be a tool to count the size of the decoderSpecificInfo and the sequence of accessUnits in an MP4 file.

Naming of Compressed Representation ZIP Archives
The compressed representations for all items in Test 2-CO or Test 2-HOA shall be put in a single zip archive named as:
<test>_<id>_<bitrate>.zip

where 
<test>, <id> and <bitrate> are as in the naming of the compressed representation files.

Examples are shown here:
Test2-CO_<id>_128.zip
Test2-HOA_<id>_128.zip

Zip archives should unpack into a folder named as
<test>_<id>_<bitrate>

Latency Issues
All compressed representations and associated encoder/decoder technology shall comply with the Latency restrictions specified in Annex 1 of the Call. Note that using a per-file-based compression technology such as “zip” as part of a proprietary compressed representation would obviously not satisfy the Latency requirement. Additionally, two-pass coding would not satisfy the Latency requirement.

Naming of Decoded WAV Files for Test 2
Proponents shall submit decoded waveforms (as .WAV files) suitable for feeding to the loudspeakers listed in Table 1 - Loudspeaker positions and tolerances for the different test setups, shown in ANNEX 3 of the Call. The decoded .WAV files shall contain content sampled at 48kHz and 24bits.

Proponents shall submit using the following naming procedure. 

Naming of decoded WAV files:
<test>_<id>_<bitrate>_<item_name>_A<azimuth_angle>_E<elevation_angle>.wav

In the case of LFE channels, the naming is
<test>_<id>_<bitrate>_<item_name>_LFE<lfe_number>.wav

<test> shall be one of:
Test2-CO (this one label shall be used for items from both Test 2.1-C and Test 2.2-CO)
Test2-HOA

<id> shall be the company ID listed in Table 1 - Registered Companies, shown above.

<bitrate> shall be nominal bitrate in kb/s, i.e. 128, 96, 64 or 48. 

<item_name> is as shown in the column with heading “Name” in Tables 2 and 3 of Annex 4 in the Call. 

<azimuth_angle> shall be the angle shown the column with heading “Az °” in Table 1 of Annex 3 in the Call. This is a “sign plus three-digit field,” as is specified in [2]. Note: Proponents shall only use values from this column of this table. Do not use some “actual” speaker position in e.g. your listening room.

<elevation_angle> shall be the angle shown the column with heading “El °” in Table 1 of Annex 3 in the Call.  This is a “sign plus two-digit field,” as is specified in [2]. Note: Proponents shall only use values from this column of this table. Do not use some “actual” speaker position in e.g. your listening room.

<lfe_number> is either 1 or 2.

Examples are shown here:
Test1-1-CO_<id>_128_CO_01_Church_A-030_E+00.wav
Test1-1-HOA_<id>128_H_01_SynthBumbleBee_A-030_E+00.wav
Test1-4-CO_<id>_96_CO_01_Church_A-030_E+00.wav
Test1-4-HOA_<id>_96_H_01_SynthBumbleBee_A-030_E+00.wav

Naming of Decoded WAV File ZIP Archives for Test 2
For each test and each processed item in a test, proponents shall submit zip archives as follows:
<test>_<id>_<bitrate>_<item_name>.zip 
containing the decoded wav files for an item
<test>_<id>_<bitrate>_<item_name>_A<azimuth_angle>_E<elevation_angle>.wav

Zip archives should unpack into a folder named as
<test>_<id>_<bitrate>_<item_name >

Examples are shown here:
Test2-CO_<id>_128_CO_01_Church.zip
Test2-HOA_<id>_128_ H_01_SynthBumbleBee.zip

Submission of ZIP Archives
Each proponent shall receive an FTP address and a unique username/password valid at that FTP address for use in submission, which will log into the root of the proponent upload directory. All zip archives shall be put at the root of the proponent’s directory.
[bookmark: _Toc220647743][bookmark: _Toc244941148]Submit Documentation
Submit as contributions to the 109th MPEG meeting:
· A written description of the technology having sufficient detail to permit technical discussions.  
· Evidence of the performance of the technology, as outlined in [4].

All proponents shall submit a written description. Proponents that are MPEG members shall register these documents as contributions to the 109th MPEG meeting and send title and author information to Schuyler Quackenbush prior to the close of contribution upload. Proponents that are not MPEG members shall email the documents to Schuyler Quackenbush 2 weeks prior to 109th MPEG meeting, so that he can register and upload them as contributions. The documents should be written in Microsoft Word.

The results of the subjective Tests 2 will be available as a contribution to the 109th MPEG meeting.
[bookmark: _Toc220647744][bookmark: _Toc244941149]Participate in Evaluation and Selection
Attend the 109th MPEG meeting (details on meeting location and date will be communicated via email to parties that are not MPEG members). It is strongly urged that experts familiar with the proposed technology attend in order to allow discussions on details of the proposals. 

Quoting from Section 3.8 of the Call:

Submissions shall be evaluated, taking into account all submitted information including subjective listening test results. Based on this information, if there is a single submission that is best for both Test Set 1 and Test Set 2, then it is the RMX technology. 

Otherwise, the submission that is best for Test Set 1 will be selected as the RMX-CO technology and the submission that is best for Test Set 2 will be selected as the RMX-HOA technology. If RMX-CO and RMX-HOA can be merged prior to the 110th meeting, then this will be RMX. Otherwise, subsequent Core Experiments will be used to arrive at an integrated architecture if the Audio subgroup agrees that it is technically appropriate. In this document, the term RMX shall encompass RMX-CO and RMX-HOA.

Phase 2 addresses use cases with operating modes that are associated with restricted computational complexity (i.e. portable devices). As such, computational complexity may be considered as a more important in Phase 2 evaluation as compared to Phase 1.

As contributions to the 110th MPEG meeting, proponents of selected technology (RMX or RMX-CO and RMX-HOA) submit:
· Full source code for conformant encoder and normative decoder, according to [4].
· Written description as bitstream syntax, decoding semantics and decoding description. 
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All tests will incorporate:
· 3.5 kHz low-pass filtered versions of the original as anchors. 
which will be created by the Test Administrator. 

The Test Administrator will rename or “blind” all test material so that the proponent ID is replaced by the string “sysN” where N is an integer. Hidden reference and anchors will be similarly blinded. 

Test Material Format
On the date that test items are available to Listening Labs, as indicated in Table 2 – Timeline, the Test Administrator will provide to each Listening Lab contact an FTP address and username/password for use in downloading the test material. 

The FTP site log-on information will place user in the ListeningLabs folder of the FTP site.  The test material for each test will not be placed in zip archives, but instead will be available uncompressed.

The ListeningLabs folder will be organized with the following directory structure:
· Originals/CO_test_items/<item_name>/<item_name>_A<azimuth_angle>_E<elevation_angle>.wav
· Originals/H_test_items/<item_name>/<item_name>_A<azimuth_angle>_E<elevation_angle>.wav
· <test>/<item_name>/<test>_<sys>_<bitrate>_<item_name>_A<azimuth_angle>_E<elevation_angle>.wav
where
<test> shall be one of:
	Test2-CO

	Test2-HOA



<sys> is sys1, sys2, … sysN representing the systems under test.

[bookmark: _Toc244941152]Conduct Listening Tests

The participating Listening Labs will be shown in an Annex, which will delivered at 107th MPEG Meeting in San José.

MUSHRA Testing Programs
The Listening Labs can use any presentation system that complies with the MUSHRA methodology. However, for Listening Labs that wish to use the ARL STEP system, they are urged to read the “STEP_ReadMe.doc” file in the zip archive of this document for an overview of how to use STEP Version 2.0 in the 3D Audio tests. The Test Administrator will provide two versions of the test waveforms, differentiated by the top-level directory:
· Non-interleaved – indicates that there is one mono file for each loudspeaker.
· Interleaved – indicates that there is one interleaved file per condition for each item. This is appropriate for use with the ARL STEP software. An ARL STEP Session file (*.asi) will be provided for each listening test. A ReadMeInterleaving.doc in the interleaved directory will document the ordering of channels in the interleaved files.

Listener Training
The listener instructions for training and testing are shown in Annex 1.

Score Submission Format
Listening Labs will submit the listening test raw scores to the Test Administrator on the date indicated in Table 2 – Timeline. Raw scores shall be submitted in via the Excel spreadsheet found in the zip archive of this document. Results for each test shall be submitted as a separate spreadsheet file using the Test_ID_score_template.xlsx file. See the example spreadsheet for score submission, “ExampleScoreSubmission.xlsx”.


Excel Spreadsheet
Spreadsheet files shall be named as:
<test>_<ll_id>_scores.xls
Where
<test> shall be one of:
	Test2-CO

	Test2-HOA



<ll_id> is the Listening Lab ID shown in the Annex, which will delivered at 107th MPEG Meeting in San José.

ARL STEP Score Files
Some Listening Labs may use the ARL STEP testing software. In this case they can additionally submit a zip archive of the raw subject scores. These should be named as:
<subject_id> txt
They should be put in a zip archive named as
<test>_<ll_id>.zip
which unpacks to the directory
<test>_<ll_id>

Description of Test Setup
Listening Labs shall describe their test setup in a contribution to 109th MPEG meeting. 
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When subjective testing is complete, there will be raw scores for each proponent participating in a given Set for the following tests:

The tests for Set 1 items are:

Table 3 – Set 1 Tests
	<test>
	Test
	No. of Items

	Test2-CO
	Test 2.1-C combined with Test 2.2-CO
	12



The tests for Set 2 items are:

Table 4 – Set 2 Tests
	<test>
	Test
	No. of Items

	Test2-HOA
	Test 2-HOA
	12





[bookmark: _Toc244941155]Statistical Analysis
Post-Screening
In order to enhance the significance of the subjective test results, post-screening of the listening subject scores are done as follows: all data associated with subjects satisfying one or both of the following criteria are removed from the corresponding test.
· The subject’s score for the hidden reference stimuli was below 90.
· The subject’s scores for the 3.5 kHz anchor is greater than the hidden reference score.

Data Analysis
For each Test, all Listening Lab scores are pooled to compute the grand mean and 95% confidence interval on the mean for each system under test. If feasible, an ANOVA will be used to check that the variance across the factor Listening Lab is relatively constant such that pooling across the Listening Labs is statistically appropriate.

Data analysis will be done using two methods:
· Excel Pivot table, computing mean and 95% confidence interval (CI) for each system under test.
· ANOVA using a linear model of factors and interactions. This will produce the same mean scores as with the Excel Pivot table and a, typically smaller, common 95% CI for the systems under test.

The ANOVA will be used to check assumptions for pooling:
· Normal error distribution with approximately equal variance across factor levels (e.g. across Listening Labs) can be pooled.

It is expected that the ANOVA will use the following linear models, although these may change to exclude factors and interactions that are not significant, and to incorporate factors and interactions that are found to be significant:

Test 2 Score = LL + LL*Sys + Sig + Sys + Sig*Sys + Error

Factors are:
	LL		Listening Lab
	Sig		Test items
	Sys		System under test

A follow-on to the ANOVA will report the result of the Tukey Honestly Significant Difference (HSD) test for the systems under test (which is a function in the “R” statistical analysis package [3]).
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1. [bookmark: _Toc244941157]Listener Instructions
[bookmark: _Toc244941158]Instructions for Tests 2
[bookmark: _Toc244941159]Overall Instructions

The MPEG Audio Subgroup wishes to assess the subjective quality of various technologies that are able to compress and render highly immersive “3D” audio programs. You may perceive sounds from all directions around you.
[bookmark: _Toc287956535][bookmark: _Toc288010664]
This test will use a Multi-Stimulus test methodology, which has the advantage of displaying all stimuli (as processed by all systems under test) for a given test item. Hence, you are able to directly compare the stimuli in the course of giving a grade to each. 

User Interface

The Figure below shows an example user-interface presenting one test item as processed by four systems under test. The buttons represent the open reference (REF), which is always displayed at the bottom left, and all the systems under test, including the two codecs under test, the hidden reference and an anchor signal (band-limited reference signals), which are displayed as letter buttons. Above each button, with the exception of the button for the open reference, a slider permits you to grade the quality of the test item on a continuous quality scale. The descriptors associated with the scale are: 

	Descriptor
	Grade Range

	“excellent”
	80-100

	“good”
	60-80

	“fair”
	40-60

	“poor”
	20-40

	“bad”
	0-20



For each of the test items, the systems under test are randomly assigned to the buttons. In addition, the order of presenting the test items is randomized for each listener.

Note that the audio signals (for each system and the open reference) are time aligned such that you are able to switch instantly and seamlessly from one audio signal to another. Clicking on the Loop button plays the signal continuously. The horizontal Position slider indicates the instantaneous position in the signal waveform. Grabbing and moving the Start slider alters the start point for waveform looping, and similarly moving the Stop slider alters the end point, thus permitting a “loop and zoom” function that is particularly powerful for subjective evaluation. You are asked to rate the processed signals (as compared to the open reference) by grabbing and moving the vertical sliders above their corresponding letter buttons. Any perceived difference from the open reference is required to be rated down. Please note that one of the test systems is always the hidden reference and should be rated 100. When you are satisfied with the ratings, click on the Next button to go on to the next trial. When the last trial is scored, the MUSHRA window is replaced by the Administrator window. Please notify the test administrator that you have completed the listening session.

[image: pic]

[bookmark: _Toc244941160]Training Phase Instructions
The training phase will be conducted individually, that is without an instructor. You will be participating in a simulated test whose graphical interface is exactly like the actual test. The training will be shorter and the scores will not be used in the final tally. However, the training items are selected to represent the range of impairments that you will encounter in the actual test.  Please listen to the training signals to understand how processed signals sound relative to the reference. 

You will have one hour of training before undertaking the first test. 

In the course of listening to these signals, please:
· Listen to a test item several times.
· Rate overall sound quality, not merely the quality of a portion of a test item (for example, only the portion in which speech is active or in which music is active). 
· Note that if two systems have a different perceived quality with respect to the Reference they should receive a different score.
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The test phase will be carried out individually in test sessions each lasting about 30 minutes.  In each trial, you will hear several versions of the test items, each processed by a different system under test. 

Please remember the following:

You are asked to judge the “Basic Audio Quality” of the versions of the test item in each trial as compared to the open reference.  Any perceived difference from the open reference is required to be rated down. Please note that one of the test systems is always the hidden reference. You are required to identify this hidden reference and give it a rating of 100. Note that it is perfectly acceptable to give more than one system a score of 100.

Components of “Basic Audio Quality” are related to any and all differences between the reference and the coded/decoded test item, including 
· speech quality, 
· music quality, 
· timbre,
· envelopment in three-dimensional space, including height and depth
· reverberation or space perception
· localization and auditory source width
· background noise, 
· audio distortion, artifacts
· signal bandlimiting.

Please note that attributes mentioned above are not necessarily applicable to every sound item presented to you. Therefore, the relation between Basic Audio Quality and attributes regarding the grading scale depend entirely on you. Also, your score should reflect your overall personal opinion.

The assessment is to be done on a scale from 0 to 100, as shown here:

[image: C:\Documents and Settings\srq\Desktop\ScreenHunter_01 Mar. 20 16.28.gif]
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ANNEX 1


Test 2: Bit Rates and Total Bits per Test Item at 128, 96, 64 and 48 kb/s.
	
	
	
	
	Bitrate (kb/s)
	Target Total Bits (bits)1
	[bookmark: _GoBack]Overage (bits, %)2, 3

	Item
	Dur
	Cn
	C_Fa
	128
	96
	64
	48
	128
	96
	64
	48
	128
	96
	64
	48
	128
	96
	64
	48

	CO_01_Church
	16.01
	22
	1.00
	128
	96
	64
	48
	2049
	1537
	1025
	768
	156
	151
	145
	115
	7,6%
	9,8%
	14,2%
	15,0%

	CO_02_OMensch
	27.41
	22
	1.00
	128
	96
	64
	48
	3508
	2631
	1754
	1316
	170
	161
	153
	148
	4,9%
	6,1%
	8,7%
	11,3%

	CO_03_SLNiseko
	19.01
	22
	1.00
	128
	96
	64
	48
	2433
	1825
	1217
	912
	160
	153
	147
	137
	6,6%
	8,4%
	12,1%
	15,0%

	CO_04_Fountain_Music_3D
	20.00
	14
	1.00
	128
	96
	64
	48
	2560
	1920
	1280
	960
	112
	105
	99
	96
	4,4%
	5,5%
	7,7%
	10,0%

	CO_05_BarcoTR
	22.28
	11
	1.00
	128
	96
	64
	48
	2852
	2139
	1426
	1069
	96
	89
	82
	78
	3,4%
	4,2%
	5,7%
	7,3%

	CO_06_ClarinetConcerto
	24.60
	9
	1.00
	128
	96
	64
	48
	3149
	2362
	1574
	1181
	87
	79
	71
	67
	2,8%
	3,3%
	4,5%
	5,7%

	CO_07_Musikverein1
	17.89
	9
	1.00
	128
	96
	64
	48
	2290
	1717
	1145
	859
	78
	72
	67
	64
	3,4%
	4,2%
	5,8%
	7,4%

	CO_08_Musikverein2
	25.63
	9
	1.00
	128
	96
	64
	48
	3281
	2460
	1640
	1230
	88
	80
	72
	68
	2,7%
	3,2%
	4,4%
	5,5%

	CO_09_Rain_output
	21.17
	22
	1.00
	128
	96
	64
	48
	2710
	2032
	1355
	1016
	162
	155
	149
	145
	6,0%
	7,7%
	11,0%
	14,3%

	CO_10_Music_output
	20.68
	22
	1.00
	128
	96
	64
	48
	2647
	1985
	1324
	993
	162
	155
	148
	145
	6,1%
	7,8%
	11,2%
	14,6%

	CO_11_Betty3b_output
	10.38
	22
	1.00
	128
	96
	64
	48
	1329
	996
	664
	498
	148
	145
	100
	75
	11,2%
	14,6%
	15,0%
	15,0%

	CO_12_Mechanism4_output
	9.00
	22
	1.00
	128
	96
	64
	48
	1152
	864
	576
	432
	147
	130
	86
	65
	12,7%
	15,0%
	15,0%
	15,0%

	 
	
	
	
	 
	 
	 
	
	
	
	
	
	
	
	
	
	 
	 
	 
	 

	H_01_SynthBumbleBee
	20.00
	
	1.00
	128
	96
	64
	48
	2560
	1920
	1280
	960
	161
	154
	148
	144
	6,3%
	8,0%
	11,6%
	15,0%

	H_02_Drums1
	11.00
	
	1.00
	128
	96
	64
	48
	1408
	1056
	704
	528
	149
	146
	106
	79
	10,6%
	13,8%
	15,0%
	15,0%

	H_03_Modern
	11.86
	
	1.00
	128
	96
	64
	48
	1518
	1139
	759
	569
	150
	146
	112
	84
	10,0%
	13,1%
	15,0%
	15,0%

	H_04_Stadium2
	20.95
	
	1.00
	128
	96
	64
	48
	2682
	2011
	1341
	1006
	162
	155
	149
	145
	6,0%
	7,7%
	11,1%
	14,4%

	H_05_Water
	19.96
	
	1.00
	128
	96
	64
	48
	2555
	1916
	1277
	958
	161
	154
	148
	144
	6,3%
	8,1%
	11,6%
	15,0%

	H_06_Helicopter
	20.27
	
	1.00
	128
	96
	64
	48
	2595
	1946
	1297
	973
	161
	155
	148
	145
	6,2%
	7,9%
	11,4%
	14,9%

	H_07_Vocal1
	20.00
	
	1.00
	128
	96
	64
	48
	2560
	1920
	1280
	960
	161
	154
	148
	144
	6,3%
	8,0%
	11,6%
	15,0%

	H_08_BeginningOfAConcert
	17.90
	
	1.00
	128
	96
	64
	48
	2291
	1718
	1146
	859
	158
	152
	147
	129
	6,9%
	8,9%
	12,8%
	15,0%

	H_09_ModernElectronicMusic
	20.00
	
	1.00
	128
	96
	64
	48
	2560
	1920
	1280
	960
	161
	154
	148
	144
	6,3%
	8,0%
	11,6%
	15,0%

	H_10_Orchestra2
	20.00
	
	1.00
	128
	96
	64
	48
	2560
	1920
	1280
	960
	161
	154
	148
	144
	6,3%
	8,0%
	11,6%
	15,0%

	H_11_ShoutingAudience
	20.00
	
	1.00
	128
	96
	64
	48
	2560
	1920
	1280
	960
	161
	154
	148
	144
	6,3%
	8,0%
	11,6%
	15,0%

	H_12_Radio2
	18.39
	
	1.00
	128
	96
	64
	48
	2354
	1765
	1177
	883
	159
	153
	147
	132
	6,7%
	8,7%
	12,5%
	15,0%



1. Note that kb/s indicates units of 1000 bits per second and kbit indicates units of 1000 bits.
2. This is 6144 bits * number_of_channels + 1% of Target_Total_Bits. 
3. Any overage exceeding 15% is limited to 15% overage size as a hard threshold (printed in red).



image2.gif
Excellent

Good

Fair

Poor

Bad

100




image1.png
O STEP - ARL: SRQ

Trial 1 of 2% ltem 1

100

Excellent
El

Good
&0

Fai
0

Poar
2

Bad

Bl

0 00 10 1m0

mr a8 | c|.o

> | | woe |

Fosiion ¢

St 4

Sop 4





