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Open points:

· Agree, complete and verify the experiments 1,2, 3, 5, 6, 8 and 9

· Insert CCR test for VAD/DTX/CNG (exp. 4)

· Should we keep or delete the dynamic experiment (exp. 7), if keep, then inset the test into the test plan

· Processing tables and presentation orders and number of sentences for each experiment to be completed

· Noise types and levels of noise to be used

· Error profiles to be used in different codec modes for GSM GMSK and 3G

· Filename conventions in Annex C.

· Do we want to evaluate the performances of the 9 AMR-WB codec modes in tandeming between themselves? If yes, another experiment is necessary: 2 sub-experiments within Exp.2

· EDGE 8-PSK tests (exp. 10) to be defined (not needed in phase I )
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1 Introduction

This document contains the complete set of test plans for the Adaptive Multi-Rate Wideband speech codec (AMR-WB) Characterisation Phase.

The characterisation is divided into two phases. The first phase will include all the characterisation needed except the characterisation of EDGE 8-PSK speech channels, which will be tested in the phase II.

The phased approach will make it possible to try to complete the first phase by June 2001 even though the EDGE speech services would not be fully specified in time.

The Characterisation Tests are split into 10 main experiments, some of which contain a number of sub-experiments: The aim was to test all the experiments with two different languages, but for practical reasons some of the experiments are only performed with one language. For example, experiments with different background noise types use only one language per noise type. The summary of the experiments is presented in the table below:

Table 1: Summary of different characterisation phase experiments

Characterises systems:
Test type
Exp. No.
Title
No. of  Languages

All systems
ACR
1
Input levels and self-tandeming
2

All systems
ACR
2
Interoperability Performance in Real World Wideband Scenarios.
2

All systems
ACR
3
Interoperability Performance in Real World Narrowband Scenarios.
1

All systems (GSM GMSK)
CCR
4
Performance of VAD/DTX/CNG Algorithm
1

GSM GMSK
ACR
5
The Effect of Static Errors under Clean Speech Conditions.
2

GSM GMSK
DCR
6a
The Effect of Background Noise 1 in Static C/I Conditions.
1

GSM GMSK
DCR
6b
The Effect of Background Noise 2 in Static C/I Conditions.
1

GSM GMSK
ACR
7
The Effect of Dynamic Error Scenarios Under Clean Speech Conditions.
1

3G
ACR
8a
The Effect of Static Errors under Clean Speech Conditions.
1

3G
ACR
8b
The Effect of Static Errors under Clean Speech Conditions.
1

3G
DCR
9a
The Effect of Background Noise 3 in Static C/I Conditions.
1

3G
DCR
9b
The Effect of Background Noise 4 in Static C/I Conditions.
1

3G
DCR
9c
The Effect of Background Noise 5 in Static C/I Conditions.
1

EDGE 8-PSK
(note 1)
ACR
10a
EDGE Characterisation, FR/HR/QR-channel The Effect of Static Errors under Clean Speech Conditions, set 1
1

EDGE 8-PSK
(Note 1)
ACR
10b
EDGE Characterisation, FR/HR/QR-channel The Effect of Static Errors under Clean Speech Conditions, set 2
1




Total Number of experiments (maximum allowed <20):
18

Note 1: This characterisation will be done in phase II

Section 2 provides a list of reference documents and contact names for any question related to the test plans. Section 3 gives an overview of the speech material required for this testing. The specification of the processing functions of the speech material is included in the permanent document WB-7b. Section 4 provides information relevant to all the experiments. Sections 5 to 14 contain the test plans for each experiment.

Annex A contains English language examples of instructions for the listening subjects for the different test methodologies used in the experiments. Annex B contains the description of results to be provided to the Analysis Laboratory by listening laboratories. Annex C presents the filename convention and Annex D contains the processing tables and Annex E the presentation tables for the experiments.

2 References, Conventions, and Contacts

Permanent Documents

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

[1]
AMR-WB-1
AMR-WB Project Overview

[2]
AMR-WB-2
AMR-WB Project plan

[3]
AMR-WB-3
AMR-WB Performance Requirements

[4]
AMR-WB-4
AMR-WB Design Constraints

[5]
AMR-WB –5b
AMR-WB Selection Rules

[6]
AMR-WB –6b
AMR-WB Selection Deliverables

[7]
AMR-WB –7b
AMR-WB Processing Functions

[8]
AMR-WB –8b
AMR-WB Selection test plan

[9]
AMR-WB –9b
AMR-WB Test results for selection phase

[10]
AMR-WB -10
AMR-WB Verification Phase Items

Key Acronyms

ACR
Absolute Category Rating

AMR-WB
Adaptive Multi-Rate Wideband Speech Codec 

AMR-NB
Adaptive Multi-Rate Narrowband Speech Codec

BER
Bit Error Rate

C/I
Carrier to Interference Ratio

DCR
Degradation Category Rating

DECi
Dynamic Error Condition #i for Dynamic C/I conditions

ECx
Error Condition for static C/I conditions with C/I = x dB

EFR
GSM Enhanced Full Rate speech codec

EP
Error Pattern

FR
GSM Full Rate channel or existing GSM Full Rate speech codec

HR
GSM Half Rate channel or existing GSM Half Rate speech codec

MNRU
Modulated Noise Reference Unit

MOS
Mean Opinion Score

S/N
Signal to Noise Ratio

Contact Names

The following persons should be contacted for questions related to the test plan.

Section
Contact Person/Email
Organisation
Address
Telephone/Fax

Overall
Janne Vainio
janne.m.vainio@nokia.com
Nokia Research Center
P.O Box 101
FIN-33721 Tampere 
Finland
Tel: +358 3 272 5212
Fax: +358 3 272 5888

Experiments 
TBD




Experiments 
TBD




Experiments 
TBD




Experiment 
TBD




AOB
Paolo Usai
paolo.usai@etsi.fr
ETSI PT
650 Route des Lucioles
06921 Sophia Antipolis Cedex
France
Tel: 33 (0)4 92 94 42 36
Fax: 33 (0)4 93 65 28 17

3 Source Recordings

3.1 Input Material for Experiments 1, 2, 3, 4, 5, 6, 8, 9 and 10

The input material, including practice sentences, consists of different simple meaningful sentences as described in Annex B1.4 of ITU-T Rec. P.800 [2] grouped into sentence-pairs.
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Figure 1: Example of sentence-pair speech file structure

A source speech file contains one pair of sentences lasting exactly 8 seconds, with a flexible time interval between sentences. An approximate 0.5 seconds period of silence precedes the first sentence in the file, and a similar period of silence follows the second sentence in the file. The speech files are organised as in the example shown in Figure 1.

It must be noted that the trailing silence of 0.5s after the end of the second sentence in the file is of extreme importance, since there are (for some conditions) a series of FIR filters with large number of coefficients. If the prescribed trailing silence is not present, there is a considerable risk that speech will be clipped at the end of the file.

Pre-recorded source speech material may be purchased as described in section 3.3. Preferably, the test house should provide its own source speech material. It is then recommended to use the procedure contained in Section 3.4
3.2 Input Material for Experiment 3

Each sample will contain 4 different sentences and will last nominally 16 seconds, with a time interval between sentences as described in Annex B1.4 of ITU-T Rec. P.800 [1]. All source speech files within an experiment will have exactly the same length. An approximate 0.3-0.5 seconds period of silence precedes the first sentence in the file, and a similar period of silence follows the last sentence in the file. The speech files are organised as in the example shown in Figure 2. The sentences will be simple meaningful sentences as described in Annex B1.4 of ITU-T Rec. P.800 [1]. Active speech in each source speech file should be present for not less than 9 seconds and not more than 12s. It should be noted that this last requirement might be hard to meet for some speech databases. The typical English Harvard Sentence is less that 2 seconds long. Four of these would be less than the required 9 seconds of active speech. Therefore a reasonable relaxation of this last requirement will be tolerated.
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Figure 2: Example of Speech file structure for sentence-quadruples

3.3 Pre-recorded Input Material

A "Multi-lingual Speech Database for Telephonometry 1994", on 4 CD-ROM disks, used to be available from NTT-AT, No.7 Hakuei Buildg, 2-4-15 Naka-machi, Musashino-shi, 180 Japan (phone: +81-422-37-0823, fax: +81-422-60-4806; or in the WEB at www.ntt-at.com).

In this database, the speech samples consist of pairs of short sentences with a total length of 8-10 seconds. Each sentence lasts between 2 to 3 seconds. Four male and four female native speakers are assigned to each of the 21 languages and 96 speech samples are available for each language. The sampling rate is 16 kHz. Active speech level (as defined in ITU-T Rec. P.56) of every speech sample is adjusted to -26dB relative to the overload point of the 16-bit word length. 

Each CD consists of two different areas: audio and data. Speech samples in the audio area are digitised by 44.1 kHz and 16 bits word length linear PCM and can be played back by a commercial CD player. All speech samples in the data area are recorded in standardised format in 16-bit, 2's complement, low-byte first (little endian) format and can be retrieved by an ordinary PC-DOS system and CD-ROM reader.

3.4 Recording Environment

When preparing the source material, it is recommended to follow the procedure described in this section. The speech recordings should be made in acoustical and electrical environments complying with the requirements given in Annex B.1.1 of ITU-T Rec. P.800 [2].

3.4.1 Recording System

The recommended method is to record the speech with a linear microphone and a low-noise amplifier with flat frequency response, digitise the speech, and then flat filter and level equalise. To achieve optimum SNR, the microphone should be positioned 15 to 20 cm from the talker's lips. A windscreen should be used if breath puffs from the talker are noticed.

The recordings should be made directly into a computer (A/D) or via a high quality recording system such as a DAT.

3.4.2 Equalisation of Speech and Noise Level

Each pre-recorded speech file should be measured with the P.56 algorithm and level adjusted with the gain/loss algorithm to the level required for each test condition as defined in the following sections. The pre-processing required for each experiment is provided in the Processing Plan (Permanent Document WB-7b). When the nominal level is required, this level should be set to -26 dBov (±1 dB) below the digital overload. Each pre-recorded noise file should be measured with the RMS computation algorithm and level adjusted with the gain/loss algorithm to the required level.

4 Information relevant to all Experiments

4.1 Static Error Conditions for GSM GMSK

In Experiments 5, 6a and 6b static C/I conditions are used. Their value is quoted in terms of Carrier to Interference Ratio (C/I), and the average C/I over the duration of the test condition is set to a fixed value.  In these experiments, a selection of static C/I's in the range from 1dB to 19dB are used (as is No Errors or Error Free).  In Experiments 5, 6a and 6b the AMR-WB conditions specify the mode which should be used and this mode has to be set manually.

The following set of Static Error Conditions are used in these experiments:

EC1:
Error Conditions for Static C/I Conditions at 1dB

EC4:
Error Conditions for Static C/I Conditions at 4dB

EC7:
Error Conditions for Static C/I Conditions at 7dB

EC10:
Error Conditions for Static C/I Conditions at 10dB

EC13:
Error Conditions for Static C/I Conditions at 13dB

EC16:
Error Conditions for Static C/I Conditions at 16dB

EC19:
Error Conditions for Static C/I Conditions at 19dB

4.2 Dynamic Error Conditions for GSM GMSK

In Experiment 7, the codec is tested in dynamic C/I conditions, where the average C/I is changing over the duration of the test condition, exploring a wide range of C/I levels.  It is under such conditions that the AMR-WB codec's adaptation helps to keep the perceived speech quality at a constant level. In all experiments where dynamic error patterns are used, the codec adaptation is to be turned on.

4.3 Static Error Conditions for 3G-channels

The introduction of radio propagation errors for the test under error conditions will be achieved using an Error Insertion Device fed by error patterns that model 3G channels according to {contribution S4-000256}.

4.4 Static Error Conditions for GSM EDGE 8-PSK

TBD

4.5 Noise types

In experiments 6a, 6b, 9a, 9b and 9c, background noise is inserted into the tested speech sentences. In order to cover as many background noise conditions, each experiment is using the different background noises and levels as indicated in the table below:

Experiment
Noise type
Level

Exp. 6a (GSM GMSK)
Car 1 ?
15 dB ?

Exp. 6a (GSM GMSK)
Office ?
20 dB ?

Exp. 9a (3G)
Car 2 ?
10 dB ?

Exp. 9b (3G)
Street ?
15 dB ?

Exp. 9c (3G)
Café ?
10 dB ?

5 Experiment 1: Input Level and self-tandeming performance for clean speech (ACR)

5.1 Introduction

This experiment is designed to evaluate the error-free, clean-speech performance of all the AMR-WB codec modes in tandeming conditions and with a variety of input levels.

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 4. Therefore Listening Laboratories should use the information in Section 4 in conjunction with the information given in this section.

5.2 Test Conditions

Table 5‑1 shows the conditions to be used in this experiment. 
Table 5‑2
 contains the full list of conditions and the practice conditions are given in Table 5‑4.

Table 5‑1: Conditions and factors for Experiment 1

Main Codec Conditions



Candidates
9


Applications
1
All applications

Error Conditions
1
No errors

Input level
1

3
Tandeming: Nominal (-26dBov)

Single encoding: Nominal ± 10 dB (-16, -26, -36 dBov)

Tandeming
2
single encoding and self-tandeming of the codec with the same codec mode 

Input characteristic
1
P.341

Background noise
0
No background noise 

Codec references



Codec references
3
G.722-64k, G.722-56k, G.722-48k (all: no errors, no background noise, P.341)

Tandeming
2
Single encoding and self-tandeming (nominal level only)





Other references



Direct
1
Nominal input level, P.341

MNRU
9
Q=6, 12, 18, 24 & 30 dB (all nominal input level, P.341)





Common Conditions



Radio Channels
0


Number of talkers
4
2 male and 2 female

Stimulus type

Sentence-pairs

Number of speech samples

[6 TBD] + 2 (preliminaries) sentence pairs per talker.

Listening Level
1
79dB SPL

Listeners
24
Naïve Listeners

Groups
6
4 subjects/group

Randomisation
TBD
TBD

Rating Scale
1
ACR, Listening Quality Scale 

Replications
1


Languages
2
Two different realisations

Listening System
1
Monaural headphones (flat response in the audio bandwidth of interest: 50Hz-7kHz). The other ear is open.

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 5‑2: Test conditions for Experiment 1

Condition
Codec
Factor

1
Direct
-

2
MNRU
Q=30dB

3
MNRU
Q=24dB

4
MNRU
Q=18dB

5
MNRU
Q=12dB

6
MNRU
Q=6dB

7
G.722@64
Nominal, single coding

8
G.722@64
Nominal, self-tandem

9
G.722@64
High, single coding

10
G.722@64
Low, single coding

11
G.722@56
Nominal, single coding

12
G.722@56
Nominal, self-tandem

13
G.722@56
High, single coding

14
G.722@56
Low, single coding

15
G.722@48
Nominal, single coding

16
G.722@48
Nominal, self-tandem

17
G.722@48
High, single coding

18
G.722@48
Low, single coding

19
Mode 0 (6.6 kbit/s)
Nominal, single coding

20
Mode 0 (6.6 kbit/s)
Nominal, self-tandem

21
Mode 0 (6.6 kbit/s)
High, single coding

22
Mode 0 (6.6 kbit/s)
Low, single coding

23
Mode 1 (8.85 kbit/s)
Nominal, single coding

24
Mode 1 (8.85 kbit/s)
Nominal, self-tandem

25
Mode 1 (8.85 kbit/s)
High, single coding

26
Mode 1 (8.85 kbit/s)
Low, single coding

27
Mode 2 (12.65 kbit/s)
Nominal, single coding

28
Mode 2 (12.65 kbit/s)
Nominal, self-tandem

29
Mode 2 (12.65 kbit/s)
High, single coding

30
Mode 2 (12.65 kbit/s)
Low, single coding

31
Mode 3 (14.25 kbit/s)
Nominal, single coding

32
Mode 3 (14.25 kbit/s)
Nominal, self-tandem

33
Mode 3 (14.25 kbit/s)
High, single coding

34
Mode 3 (14.25 kbit/s)
Low, single coding

35
Mode 4 (15.85 kbit/s)
Nominal, single coding

36
Mode 4 (15.85 kbit/s)
Nominal, self-tandem

37
Mode 4 (15.85 kbit/s)
High, single coding

38
Mode 4 (15.85 kbit/s)
Low, single coding

39
Mode 5 (18.25 kbit/s)
Nominal, single coding

40
Mode 5 (18.25 kbit/s)
Nominal, self-tandem

41
Mode 5 (18.25 kbit/s)
High, single coding

42
Mode 5 (18.25 kbit/s)
Low, single coding

43
Mode 6 (19.85 kbit/s)
Nominal, single coding

44
Mode 6 (19.85 kbit/s)
Nominal, self-tandem

45
Mode 6 (19.85 kbit/s)
High, single coding

46
Mode 6 (19.85 kbit/s)
Low, single coding

47
Mode 7 (23.05 kbit/s)
Nominal, single coding

48
Mode 7 (23.05 kbit/s)
Nominal, self-tandem

49
Mode 7 (23.05 kbit/s)
High, single coding

50
Mode 7 (23.05 kbit/s)
Low, single coding

51
Mode 8 (23.85 kbit/s)
Nominal, single coding

52
Mode 8 (23.85 kbit/s)
Nominal, self-tandem

53
Mode 8 (23.85 kbit/s)
High, single coding

54
Mode 8 (23.85 kbit/s)
Low, single coding

Table 5‑4: List of preliminary conditions for Experiment 1

Cond
ition
Codec and
Source

Practice
Main
C/I or Q(dB)
Sample

P01
C07
G.722 64k
M01S07

P02
C06
MNRU, Q=6
F02S07

P03
C02
MNRU Q=30
F01S07

P04
C05
MNRU, Q=12
M02S07

P05
C01
Direct, No Errors
F02S08

P06
C03
MNRU, Q=24
M01S08

P07
C04
MNRU, Q=18
M02S08

P08
C15
G.722 48k
F01S08

5.3 Speech Material

The speech material should be as defined in Section 3. The speech material for this experiment comprises 8 speech samples for each talker (this includes 2 samples for the preliminary conditions in each sub-experiment). Each talker's samples must be unique so that the subjects do not hear any sentence more than once.

5.4 Experimental Design

The experiment is split into 6 groups (with 4 listeners per group) such that each listener will hear all talkers (but not all sentence pairs) through each test condition. Across each experiment as a whole, however, all combinations of talker, sentence pair and condition will be equally covered. Each of the 6 groups of subjects will therefore hear different combinations of source material and condition.

Each processed file will be voted on 4 times; these votes coming from one group of listeners. Each subject will hear each of the conditions 4 times, once with speech from each of the 4 talkers.

5.5 Opinion Scale

The question asked of the subject will be the ACR Listening Quality Scale. The subjects will listen to each sample and after it has completed they will be asked to give their opinion. Annex A.1 contains an example of the instructions for the subjects in English.

5.6 Processing

The processing table can be found in Annex D

5.7 Duration of the Experiment

The number of stimuli per subject is:

54 conditions x 4 repeated measures + 8 preliminaries = 224

Allowing 13 seconds in total for the presentation of the sample and score collection, this gives the following test length per subject for the experiment: 224 stimuli x 13 seconds = 49 minutes

Accounting for breaks, etc, it should take each group approximately 1h15m to complete Experiment 1. If four simultaneous subjects can be accommodated, the total time to complete the experiment is in the order of 7.5 hours.

5.8 Votes Per Condition

Over the whole experiment, each condition will have 24 different speech samples passed through it. Each of these will be voted once by the 4 subjects in the group, giving:

 (4 votes/subject/condition x 6 groups x 4 subjects/group) = 96 votes per condition

5.9 Randomisation

Randomisation for each of the presentation orders are provided to minimise differences between the laboratories. In Experiment 1, a total of TBD randomisation will be used. Presentation orders are presented in Annex E.

6 Experiment 2: Interoperability Performance in Real World Wideband Scenarios (ACR) 

6.1 Introduction

The purpose of Experiment 2 is to characterise the error-free, clean-speech performance of all the AMR-WB codec modes in tandem with other wideband standards, e.g. with G.722/G722.1.

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 4. Therefore Listening Laboratories should use the information in Section 4 in conjunction with the information given in this section.

6.2 Test Conditions

Table 6‑1 shows the conditions to be used in this experiment. 
Table 6‑2
 contains the full list of conditions and the practice conditions are given in Table 6‑4.

Table 6‑1: Conditions and factors for Experiment 2

Main Codec Conditions



Candidates
9


Applications
1
All applications

Error Conditions
1
No errors

Input level
1
Nominal (-26dBov)

Tandeming
2
single encoding and tandeming of the codec with the G722.1, G722-64, G722-56 and G722-48 

Input characteristic
1
P.341

Background noise
0
No background noise 

Codec references



Codec references
3
G.722-64k, G.722-56k, G.722-48k, G722.1 (all: no errors, no background noise, P.341)

Tandeming
2
Single encoding and tandeming (nominal level only)





Other references



Direct
1
Nominal input level, P.341

MNRU
5
Q=6, 12, 18, 24 & 30 dB (all nominal input level, P.341)





Common Conditions



Radio Channels
0


Number of talkers
4
2 male and 2 female

Stimulus type

Sentence-pairs

Number of speech samples
8
[6 TBD] + 2 (preliminaries) sentence pairs per talker.

Listening Level
1
79dB SPL

Listeners
24
Naïve Listeners

Groups
6
4 subjects/group

Randomisation
TBD
TBD

Rating Scale
1
ACR, Listening Quality Scale 

Replications
1


Languages
2
Two different realisations

Listening System
1
Monaural headphones (flat response in the audio bandwidth of interest: 50Hz-7kHz). The other ear is open.

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: Test conditions for Experiment 2

Condition
Codec
Factor

1
Direct
-

2
MNRU
Q=30dB

3
MNRU
Q=24dB

4
MNRU
Q=18dB

5
MNRU
Q=12dB

6
MNRU
Q=6dB

7
G.722@64
Nominal, single coding

8
G.722@56
Nominal, single coding

9
G.722@48
Nominal, single coding

10
G.722.1
Nominal, single coding

11
Mode 0 (6.6 kbit/s)
Nominal, single coding

12
Mode 0 (6.6 kbit/s)
Tandem with G722-64

13
Mode 0 (6.6 kbit/s)
Tandem with G722-56

14
Mode 0 (6.6 kbit/s)
Tandem with G722-48

15
Mode 0 (6.6 kbit/s)
Tandem with G722.1

16
Mode 1 (8.85 kbit/s)
Nominal, single coding

17
Mode 1 (8.85 kbit/s)
Tandem with G722-64

18
Mode 1 (8.85 kbit/s)
Tandem with G722-56

19
Mode 1 (8.85 kbit/s)
Tandem with G722-48

20
Mode 1 (8.85 kbit/s)
Tandem with G722.1

21
Mode 2 (12.65 kbit/s)
Nominal, single coding

22
Mode 2 (12.65 kbit/s)
Tandem with G722-64

23
Mode 2 (12.65 kbit/s)
Tandem with G722-56

24
Mode 2 (12.65 kbit/s)
Tandem with G722-48

25
Mode 2 (12.65 kbit/s)
Tandem with G722.1

26
Mode 3 (14.25 kbit/s)
Nominal, single coding

27
Mode 3 (14.25 kbit/s)
Tandem with G722-64

28
Mode 3 (14.25 kbit/s)
Tandem with G722-56

29
Mode 3 (14.25 kbit/s)
Tandem with G722-48

30
Mode 3 (14.25 kbit/s)
Tandem with G722.1

31
Mode 4 (15.85 kbit/s)
Nominal, single coding

32
Mode 4 (15.85 kbit/s)
Tandem with G722-64

33
Mode 4 (15.85 kbit/s)
Tandem with G722-56

34
Mode 4 (15.85 kbit/s)
Tandem with G722-48

35
Mode 4 (15.85 kbit/s)
Tandem with G722.1

36
Mode 5 (18.25 kbit/s)
Nominal, single coding

37
Mode 5 (18.25 kbit/s)
Tandem with G722-64

38
Mode 5 (18.25 kbit/s)
Tandem with G722-56

39
Mode 5 (18.25 kbit/s)
Tandem with G722-48

40
Mode 5 (18.25 kbit/s)
Tandem with G722.1

41
Mode 6 (19.85 kbit/s)
Nominal, single coding

42
Mode 6 (19.85 kbit/s)
Tandem with G722-64

43
Mode 6 (19.85 kbit/s)
Tandem with G722-56

44
Mode 6 (19.85 kbit/s)
Tandem with G722-48

45
Mode 6 (19.85 kbit/s)
Tandem with G722.1

46
Mode 7 (23.05 kbit/s)
Nominal, single coding

47
Mode 7 (23.05 kbit/s)
Tandem with G722-64

48
Mode 7 (23.05 kbit/s)
Tandem with G722-56

49
Mode 7 (23.05 kbit/s)
Tandem with G722-48

50
Mode 7 (23.05 kbit/s)
Tandem with G722.1

51
Mode 8 (23.85 kbit/s)
Nominal, single coding

52
Mode 8 (23.85 kbit/s)
Tandem with G722-64

53
Mode 8 (23.85 kbit/s)
Tandem with G722-56

54
Mode 8 (23.85 kbit/s)
Tandem with G722-48

55
Mode 8 (23.85 kbit/s)
Tandem with G722.1

Table 6‑4: List of preliminary conditions for Experiment 2

Cond
ition
Codec and
Source

Practice
Main
C/I or Q(dB)
Sample

P01
C07
G.722 64k
M01S07

P02
C06
MNRU, Q=6
F02S07

P03
C02
MNRU Q=30
F01S07

P04
C05
MNRU, Q=12
M02S07

P05
C01
Direct, No Errors
F02S08

P06
C03
MNRU, Q=24
M01S08

P07
C04
MNRU, Q=18
M02S08

P08
C09
G.722 48k
F01S08

6.3 Speech Material

The speech material should be as defined in Section 3. The speech material for this experiment comprises 8 speech samples for each talker (this includes 2 samples for the preliminary conditions in each sub-experiment). Each talker's samples must be unique so that the subjects do not hear any sentence more than once.

6.4 Experimental Design

The experiment is split into 6 groups (with 4 listeners per group) such that each listener will hear all talkers (but not all sentence pairs) through each test condition. Across each experiment as a whole, however, all combinations of talker, sentence pair and condition will be equally covered. Each of the 6 groups of subjects will therefore hear different combinations of source material and condition.

Each processed file will be voted on 4 times; these votes coming from one group of listeners. Each subject will hear each of the conditions 4 times, once with speech from each of the 4 talkers.

6.5 Opinion Scale

The question asked of the subject will be the ACR Listening Quality Scale. The subjects will listen to each sample and after it has completed they will be asked to give their opinion. Annex A.1 contains an example of the instructions for the subjects in English.

6.6 Processing

The processing table can be found in Annex D

6.7 Duration of the Experiment

The number of stimuli per subject is:

55 conditions x 4 repeated measures + 8 preliminaries = 228

Allowing 13 seconds in total for the presentation of the sample and score collection, this gives the following test length per subject for the experiment: 228 stimuli x 13 seconds = 49 minutes

Accounting for breaks, etc, it should take each group approximately 1h15m to complete Experiment 2. If four simultaneous subjects can be accommodated, the total time to complete the experiment is in the order of 7.5 hours.

6.8 Votes Per Condition

Over the whole experiment, each condition will have 24 different speech samples passed through it. Each of these will be voted once by the 4 subjects in the group, giving:

 (4 votes/subject/condition x 6 groups x 4 subjects/group) = 96 votes per condition

6.9 Randomisation

Randomisation for each of the presentation orders are provided to minimise differences between the laboratories.  In Experiment 2, a total of TBD randomisation will be used. Presentation orders are presented in Annex E.

7 Experiment 3: Interoperability Performance in Real World Narrowband Scenarios (ACR)

7.1 Introduction

The purpose of Experiment 3 is to characterise the performances of the different AMR-WB codec modes in tandem with narrowband standards, e.g. with AMR-NB, G729. 

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 4. Therefore Listening Laboratories should use the information in Section 4 in conjunction with the information given in this section.

7.2 Test Conditions

Table 7‑1 shows the conditions to be used in this experiment. Table 7‑2 contains the full list of conditions and the practice conditions are given in Table 7‑3 

Table 7‑1: Conditions and factors for Experiment 3

Main Codec Conditions



Candidates
9


Applications
1
All applications

Error Conditions
1
No errors

Input level
1
Nominal (-26dBov)

Tandeming
2
single encoding and tandeming of the codec with the AMR12.2, AMR7.4, AMR4.75 and G.729

Input characteristic
1
FLAT, Linear PCM

Background noise
0
No background noise 

Codec references



Codec references
4
AMR12.2, AMR7.4, AMR4.75, G.729 (all: no errors, no background noise, Flat)

Tandeming
2
Single encoding and tandeming with all the AMR-WB codec modes (nominal level only)





Other references



Direct
1
Nominal input level, FLAT, Linear PCM

MNRU
5
Q=6, 12, 18, 24 & 30 dB (all nominal input level)





Common Conditions



Radio Channels
0


Number of talkers
4
2 male and 2 female

Stimulus type

Sentence-pairs

Number of speech samples
8
[6 TBD] + 2 (preliminaries) sentence pairs per talker.

Listening Level
1
79dB SPL

Listeners
24
Naïve Listeners

Groups
6
4 subjects/group

Randomisation
TBD
TBD

Rating Scale
1
ACR, Listening Quality Scale 

Replications
1


Languages
1
Only one language will be tested

Listening System
1
Monaural headphones (flat response in the audio bandwidth of interest: 50Hz-3.5kHz). The other ear is open.

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: Test conditions for Experiment 3

Condition
Codec
Factor

1
Direct
-

2
MNRU
Q=30dB

3
MNRU
Q=24dB

4
MNRU
Q=18dB

5
MNRU
Q=12dB

6
MNRU
Q=6dB

7
AMR12.2
Nominal, single coding

8
AMR7.4
Nominal, single coding

9
AMR4.75
Nominal, single coding

10
G.729
Nominal, single coding

11
Mode 0 (6.6 kbit/s)
Nominal, single coding

12
Mode 0 (6.6 kbit/s)
Tandem with AMR12.2

13
Mode 0 (6.6 kbit/s)
Tandem with AMR7.4

14
Mode 0 (6.6 kbit/s)
Tandem with AMR4.75

15
Mode 0 (6.6 kbit/s)
Tandem with G729

16
Mode 1 (8.85 kbit/s)
Nominal, single coding

17
Mode 1 (8.85 kbit/s)
Tandem with AMR12.2

18
Mode 1 (8.85 kbit/s)
Tandem with AMR7.4

19
Mode 1 (8.85 kbit/s)
Tandem with AMR4.75

20
Mode 1 (8.85 kbit/s)
Tandem with G729

21
Mode 2 (12.65 kbit/s)
Nominal, single coding

22
Mode 2 (12.65 kbit/s)
Tandem with AMR12.2

23
Mode 2 (12.65 kbit/s)
Tandem with AMR7.4

24
Mode 2 (12.65 kbit/s)
Tandem with AMR4.75

25
Mode 2 (12.65 kbit/s)
Tandem with G729

26
Mode 3 (14.25 kbit/s)
Nominal, single coding

27
Mode 3 (14.25 kbit/s)
Tandem with AMR12.2

28
Mode 3 (14.25 kbit/s)
Tandem with AMR7.4

29
Mode 3 (14.25 kbit/s)
Tandem with AMR4.75

30
Mode 3 (14.25 kbit/s)
Tandem with G729

31
Mode 4 (15.85 kbit/s)
Nominal, single coding

32
Mode 4 (15.85 kbit/s)
Tandem with AMR12.2

33
Mode 4 (15.85 kbit/s)
Tandem with AMR7.4

34
Mode 4 (15.85 kbit/s)
Tandem with AMR4.75

35
Mode 4 (15.85 kbit/s)
Tandem with G729

36
Mode 5 (18.25 kbit/s)
Nominal, single coding

37
Mode 5 (18.25 kbit/s)
Tandem with AMR12.2

38
Mode 5 (18.25 kbit/s)
Tandem with AMR7.4

39
Mode 5 (18.25 kbit/s)
Tandem with AMR4.75

40
Mode 5 (18.25 kbit/s)
Tandem with G729

41
Mode 6 (19.85 kbit/s)
Nominal, single coding

42
Mode 6 (19.85 kbit/s)
Tandem with AMR12.2

43
Mode 6 (19.85 kbit/s)
Tandem with AMR7.4

44
Mode 6 (19.85 kbit/s)
Tandem with AMR4.75

45
Mode 6 (19.85 kbit/s)
Tandem with G729

46
Mode 7 (23.05 kbit/s)
Nominal, single coding

47
Mode 7 (23.05 kbit/s)
Tandem with AMR12.2

48
Mode 7 (23.05 kbit/s)
Tandem with AMR7.4

49
Mode 7 (23.05 kbit/s)
Tandem with AMR4.75

50
Mode 7 (23.05 kbit/s)
Tandem with G729

51
Mode 8 (23.85 kbit/s)
Nominal, single coding

52
Mode 8 (23.85 kbit/s)
Tandem with AMR12.2

53
Mode 8 (23.85 kbit/s)
Tandem with AMR7.4

54
Mode 8 (23.85 kbit/s)
Tandem with AMR4.75

55
Mode 8 (23.85 kbit/s)
Tandem with G729

Table 7‑3: List of preliminary conditions for Experiment 3

Cond
ition
Codec and
Source

Practice
Main
C/I or Q(dB)
Sample

P01
C07
AMR12.2
M01S07

P02
C06
MNRU, Q=6
F02S07

P03
C02
MNRU Q=30
F01S07

P04
C05
MNRU, Q=12
M02S07

P05
C01
Direct, No Errors
F02S08

P06
C03
MNRU, Q=24
M01S08

P07
C04
MNRU, Q=18
M02S08

P08
C09
AMR4.75
F01S08

7.3 Speech Material

The speech material should be as defined in Section 3. The speech material for this experiment comprises 8 speech samples for each talker (this includes 2 samples for the preliminary conditions in each sub-experiment). Each talker's samples must be unique so that the subjects do not hear any sentence more than once. 

7.4 Experimental Design

The experiment is split into 6 groups (with 4 listeners per group) such that each listener will hear all talkers (but not all sentence pairs) through each test condition. Across each experiment as a whole, however, all combinations of talker, sentence pair and condition will be equally covered. Each of the 6 groups of subjects will therefore hear different combinations of source material and condition.

Each processed file will be voted on 4 times; these votes coming from one group of listeners. Each subject will hear each of the conditions 4 times, once with speech from each of the 4 talkers.

7.5 Opinion Scale

The question asked of the subject will be the ACR Listening Quality Scale. The subjects will listen to each sample and after it has completed they will be asked to give their opinion. Annex A.1 contains an example of the instructions for the subjects in English.

7.6 Processing

The processing table can be found in Annex D

7.7 Duration of the Experiment

The number of stimuli per subject is:

55 conditions x 4 repeated measures + 8 preliminaries = 228

Allowing 13 seconds in total for the presentation of the sample and score collection, this gives the following test length per subject for the experiment: 228 stimuli x 13 seconds = 49 minutes

Accounting for breaks, etc, it should take each group approximately 1h15m to complete Experiment 3. If four simultaneous subjects can be accommodated, the total time to complete the experiment is in the order of 7.5 hours.

7.8 Votes Per Condition

Over the whole experiment, each condition will have 24 different speech samples passed through it. Each of these will be voted once by the 4 subjects in the group, giving:

 (4 votes/subject/condition x 6 groups x 4 subjects/group) = 96 votes per condition

7.9 Randomisation

Randomisation for each of the presentation orders are provided to minimise differences between the laboratories.  In Experiment 3, a total of TBD randomisation will be used. Presentation orders are presented in Annex E.

8  Experiment 4: Performance of VAD/DTX/CNG Algorithm (CCR)

This experiment is designed to evaluate the performance of the VAD/DTX/CNG system for the AMR-WB speech codec. In this case, the method of assessment uses the Comparison Category Rating (CCR,). The CCR formal procedure was applied quite satisfactory in the past for the ITU-T G.723.1 (Annex A) and G.729 (Annex B) characterisation phases. Experiment 4 describes the Comparison Category Rating procedure where an unprocessed signal is introduced either before or after each evaluation as a reference. A degradation judgement is collected on a 7-point scale with regard to the reference (from 'much better' to ‘Much worse'). Here an adapted version of the CCR will be used where the unprocessed signal is a signal which has not been processed through the VAD/DTX/CNG system. 

TBD

9 Experiment 5: The Effect of Static Errors under Clean Speech Conditions in GSM GMSK (ACR)

9.1 Introduction

The purpose of Experiment 5 is to characterise the performances of different AMR-WB codec modes in GSM GMSK FR channel. 

The experiments are designed to characterise the performance of the codec in each of its modes over a range of channel conditions, producing what has been termed a family of curves.  Due to the number of codec modes available (7), and the range of C/I conditions over which each of these modes could be tested, it will not be possible to characterise all possible combinations. For each mode, Error free and 4 different error conditions can be tested. Two different languages will be used.

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 4. Therefore Listening Laboratories should use the information in Section 4 in conjunction with the information given in this section.

9.2 Test Conditions

Table 9‑1 shows the conditions to be used in this experiment. Table 9‑2 contains the full list of conditions and the practice conditions are given in Table 9‑3 

Table 9‑1: Conditions and factors for Experiment 5

Main Codec Conditions



Candidates
7
6.6, 8.85, 12.65, 14.25, 15.85, 18.25 and 19.85 kbit/s codec modes

Applications
1


Error Conditions
5
4 different error patterns and no errors case for each of the codec modes 

Input level
1
Nominal (-26dBov)

Tandeming
1
single 

Input characteristic
1
P.341

Background noise
0
No background noise 

Codec references



Codec references
3
G.722-64k, G.722-56k, G.722-48k, (all: no errors, no background noise, P.341)

Tandeming
1
Single encoding (nominal level only)





Other references



Direct
1
Nominal input level, P.341

MNRU
5
Q=6, 12, 18, 24 & 30 dB (all nominal input level)





Common Conditions



Radio Channels
1


Number of talkers
4
2 male and 2 female

Stimulus type

Sentence-pairs

Number of speech samples
8
[6 TBD] + 2 (preliminaries) sentence pairs per talker.

Listening Level
1
79dB SPL

Listeners
24
Naïve Listeners

Groups
6
4 subjects/group

Randomisation
TBD
TBD

Rating Scale
1
ACR, Listening Quality Scale 

Replications
1


Languages
2
Two different languages will be tested

Listening System
1
Monaural headphones (flat response in the audio bandwidth of interest: 50Hz-7kHz). The other ear is open.

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 9‑2: Test conditions for Experiment 5

Condition
Codec
Factor

1
Direct
-

2
MNRU
Q=30dB

3
MNRU
Q=24dB

4
MNRU
Q=18dB

5
MNRU
Q=12dB

6
MNRU
Q=6dB

7
G.722@64
Nominal, no errors

8
G.722@56
Nominal, no errors

9
G.722@48
Nominal, no errors

10
Mode 0 (6.6 kbit/s)
Nominal, no errors

11
Mode 0 (6.6 kbit/s)
EP_A_for_mode0

12
Mode 0 (6.6 kbit/s)
EP_B_for_mode0

13
Mode 0 (6.6 kbit/s)
EP_C_for_mode0

14
Mode 0 (6.6 kbit/s)
EP_D_for_mode0

15
Mode 1 (8.85 kbit/s)
Nominal, no errors

16
Mode 1 (8.85 kbit/s)
EP_A_for_mode1

17
Mode 1 (8.85 kbit/s)
EP_B_for_mode1

18
Mode 1 (8.85 kbit/s)
EP_C_for_mode1

19
Mode 1 (8.85 kbit/s)
EP_D_for_mode1

20
Mode 2 (12.65 kbit/s)
Nominal, no errors

21
Mode 2 (12.65 kbit/s)
EP_A_for_mode2

22
Mode 2 (12.65 kbit/s)
EP_B_for_mode2

23
Mode 2 (12.65 kbit/s)
EP_C_for_mode2

24
Mode 2 (12.65 kbit/s)
EP_D_for_mode2

25
Mode 3 (14.25 kbit/s)
Nominal, no errors

26
Mode 3 (14.25 kbit/s)
EP_A_for_mode3

27
Mode 3 (14.25 kbit/s)
EP_B_for_mode3

28
Mode 3 (14.25 kbit/s)
EP_C_for_mode3

29
Mode 3 (14.25 kbit/s)
EP_D_for_mode3

30
Mode 4 (15.85 kbit/s)
Nominal, no errors

31
Mode 4 (15.85 kbit/s)
EP_A_for_mode4

32
Mode 4 (15.85 kbit/s)
EP_B_for_mode4

33
Mode 4 (15.85 kbit/s)
EP_C_for_mode4

34
Mode 4 (15.85 kbit/s)
EP_D_for_mode4

35
Mode 5 (18.25 kbit/s)
Nominal, no errors

36
Mode 5 (18.25 kbit/s)
EP_A_for_mode5

37
Mode 5 (18.25 kbit/s)
EP_B_for_mode5

38
Mode 5 (18.25 kbit/s)
EP_C_for_mode5

39
Mode 5 (18.25 kbit/s)
EP_D_for_mode5

40
Mode 6 (19.85 kbit/s)
Nominal, no errors

41
Mode 6 (19.85 kbit/s)
EP_A_for_mode6

42
Mode 6 (19.85 kbit/s)
EP_B_for_mode6

43
Mode 6 (19.85 kbit/s)
EP_C_for_mode6

44
Mode 6 (19.85 kbit/s)
EP_D_for_mode6

Table 9‑3: List of preliminary conditions for Experiment 5

Cond
ition
Codec and
Source

Practice
Main
C/I or Q(dB)
Sample

P01
C07
G722@64
M01S07

P02
C06
MNRU, Q=6
F02S07

P03
C02
MNRU Q=30
F01S07

P04
C05
MNRU, Q=12
M02S07

P05
C01
Direct, No Errors
F02S08

P06
C03
MNRU, Q=24
M01S08

P07
C04
MNRU, Q=18
M02S08

P08
C09
G722@48
F01S08

9.3 Speech Material

The speech material should be as defined in Section 3. The speech material for this experiment comprises 8 speech samples for each talker (this includes 2 samples for the preliminary conditions in each sub-experiment). Each talker's samples must be unique so that the subjects do not hear any sentence more than once. 

9.4 Experimental Design

The experiment is split into 6 groups (with 4 listeners per group) such that each listener will hear all talkers (but not all sentence pairs) through each test condition. Across each experiment as a whole, however, all combinations of talker, sentence pair and condition will be equally covered. Each of the 6 groups of subjects will therefore hear different combinations of source material and condition.

Each processed file will be voted on 4 times; these votes coming from one group of listeners. Each subject will hear each of the conditions 4 times, once with speech from each of the 4 talkers.

9.5 Opinion Scale

The question asked of the subject will be the ACR Listening Quality Scale. The subjects will listen to each sample and after it has completed they will be asked to give their opinion. Annex A.1 contains an example of the instructions for the subjects in English.

9.6 Processing

The processing table can be found in Annex D

9.7 Duration of the Experiment

The number of stimuli per subject is:

44 conditions x 4 repeated measures + 8 preliminaries = 228

Allowing 13 seconds in total for the presentation of the sample and score collection, this gives the following test length per subject for the experiment: 228 stimuli x 13 seconds = 40 minutes

Accounting for breaks, etc, it should take each group approximately 1h to complete Experiment 5. If four simultaneous subjects can be accommodated, the total time to complete the experiment is in the order of 6 hours.

9.8 Votes Per Condition

Over the whole experiment, each condition will have 24 different speech samples passed through it. Each of these will be voted once by the 4 subjects in the group, giving:

 (4 votes/subject/condition x 6 groups x 4 subjects/group) = 96 votes per condition

9.9 Randomisation

Randomisation for each of the presentation orders are provided to minimise differences between the laboratories. In Experiment 5, a total of TBD randomisation will be used. Presentation orders are presented in Annex E.

10 Experiment 6 (a & b): The Effect of Background Noise in Static C/I Conditions in GSM GMSK (DCR)

10.1 Introduction

The purpose of Experiments 6a and 6b is to characterise the performances of the different AMR-WB codec modes in static error conditions in the presence of background noise (Noise1, Noise2). For each mode, 3 different error conditions can be tested (in addition to error free case).

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 4. Therefore Listening Laboratories should use the information in Section 4 in conjunction with the information given in this section.

10.2 Test Conditions

Table 10‑1 shows the conditions to be used in this experiment. Table 10‑2 contains the full list of conditions and the practice conditions are given in Table 10‑3. 

Table 10‑1: Conditions and factors for Experiments 6a and 6b

Main Codec Conditions



Candidates
7
6.6, 8.85, 12.65, 14.25, 15.85, 18.25 and 19.85 kbit/s codec modes

Applications
1


Error Conditions
4
3 different error patterns and no errors case for each of the codec modes

Input level
1
Nominal (-26dBov)

Tandeming
1
single 

Input characteristic
1
P.341

Background noise
2
6a: TBD noise with TBD SNR

6b: TBD noise with TBD SNR

Codec references



Codec references
3
G.722-64k, G.722-56k, G.722-48k, (all: no errors, with the same background noise than for the tested codecs, P.341)

Tandeming
1
Single encoding (nominal level only)





Other references



Direct
1
Nominal input level, P.341

MNRU
5
Q=6, 12, 18, 24 & 30 dB (all nominal input level)





Common Conditions



Radio Channels
1


Number of talkers
4
2 male and 2 female

Stimulus type

Sentence-pairs

Number of speech samples
8
[6 TBD] + 2 (preliminaries) sentence pairs per talker.

Listening Level
1
79dB SPL

Listeners
24
Naïve Listeners

Groups
6
4 subjects/group

Randomisation
TBD
TBD

Rating Scale
1
modified DCR 

Replications
1


Languages
1
Only one language will be tested per background noise type

Listening System
1
Monaural headphones (flat response in the audio bandwidth of interest: 50Hz-7kHz). The other ear is open.

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 10‑2: Test conditions for Experiments 6a and 6b

Condition
Codec
Factor

1
Direct
-

2
MNRU
Q=30dB

3
MNRU
Q=24dB

4
MNRU
Q=18dB

5
MNRU
Q=12dB

6
MNRU
Q=6dB

7
G.722@64
Nominal, no errors

8
G.722@56
Nominal, no errors

9
G.722@48
Nominal, no errors

10
Mode 0 (6.6 kbit/s)
Nominal, no errors

11
Mode 0 (6.6 kbit/s)
EP_A_for_mode0

12
Mode 0 (6.6 kbit/s)
EP_B_for_mode0

13
Mode 0 (6.6 kbit/s)
EP_C_for_mode0

14
Mode 1 (8.85 kbit/s)
Nominal, no errors

15
Mode 1 (8.85 kbit/s)
EP_A_for_mode1

16
Mode 1 (8.85 kbit/s)
EP_B_for_mode1

17
Mode 1 (8.85 kbit/s)
EP_C_for_mode1

18
Mode 2 (12.65 kbit/s)
Nominal, no errors

19
Mode 2 (12.65 kbit/s)
EP_A_for_mode2

20
Mode 2 (12.65 kbit/s)
EP_B_for_mode2

21
Mode 2 (12.65 kbit/s)
EP_C_for_mode2

22
Mode 3 (14.25 kbit/s)
Nominal, no errors

23
Mode 3 (14.25 kbit/s)
EP_A_for_mode3

24
Mode 3 (14.25 kbit/s)
EP_B_for_mode3

25
Mode 3 (14.25 kbit/s)
EP_C_for_mode3

26
Mode 4 (15.85 kbit/s)
Nominal, no errors

27
Mode 4 (15.85 kbit/s)
EP_A_for_mode4

28
Mode 4 (15.85 kbit/s)
EP_B_for_mode4

29
Mode 4 (15.85 kbit/s)
EP_C_for_mode4

30
Mode 5 (18.25 kbit/s)
Nominal, no errors

31
Mode 5 (18.25 kbit/s)
EP_A_for_mode5

32
Mode 5 (18.25 kbit/s)
EP_B_for_mode5

33
Mode 5 (18.25 kbit/s)
EP_C_for_mode5

34
Mode 6 (19.85 kbit/s)
Nominal, no errors

35
Mode 6 (19.85 kbit/s)
EP_A_for_mode6

36
Mode 6 (19.85 kbit/s)
EP_B_for_mode6

37
Mode 6 (19.85 kbit/s)
EP_C_for_mode6

Table 10‑3: List of preliminary conditions for Experiments 6a and 6b

Cond
ition
Codec and
Source

Practice
Main
C/I or Q(dB)
Sample

P01
C07
G722@64
M01S07

P02
C06
MNRU, Q=6
F02S07

P03
C02
MNRU Q=30
F01S07

P04
C05
MNRU, Q=12
M02S07

P05
C01
Direct, No Errors
F02S08

P06
C03
MNRU, Q=24
M01S08

P07
C04
MNRU, Q=18
M02S08

P08
C09
G722@48
F01S08

10.3 Speech Material

The speech material should be as defined in Section 3. The speech material for this experiment comprises 8 speech samples for each talker (this includes 2 samples for the preliminary conditions in each sub-experiment). Each talker's samples must be unique so that the subjects do not hear any sentence more than once. 

10.4 Experimental Design

The experiment is split into 6 groups (with 4 listeners per group) such that each listener will hear all talkers (but not all sentence pairs) through each test condition. Across each experiment as a whole, however, all combinations of talker, sentence pair and condition will be equally covered. Each of the 6 groups of subjects will therefore hear different combinations of source material and condition.

Each processed file will be voted on 4 times; these votes coming from one group of listeners. Each subject will hear each of the conditions 4 times, once with speech from each of the 4 talkers.

10.5 Opinion Scale

The method of assessment will use a modified version of the Degradation Category Rating (DCR) method which standard procedure is fully described in [1].

10.6 Processing

The processing table can be found in Annex D

10.7 Duration of the Experiment

The number of stimuli per subject is:

37 conditions x 4 repeated measures + 8 preliminaries = 156

Allowing 21 seconds in total for the presentation of the sample and score collection, this gives the following test length per subject for the experiment: 156 stimuli x 21 seconds = 55 minutes

Accounting for breaks, etc, it should take each group approximately 1h20m to complete Experiment 6a or 6b. If four simultaneous subjects can be accommodated, the total time to complete the experiment is in the order of 8 hours.

10.8 Votes Per Condition

Over the whole experiment, each condition will have 24 different speech samples passed through it. Each of these will be voted once by the 4 subjects in the group, giving:

 (4 votes/subject/condition x 6 groups x 4 subjects/group) = 96 votes per condition

10.9 Randomisation

Randomisation for each of the presentation orders are provided to minimise differences between the laboratories.  In Experiments 6a and 6b, a total of TBD randomisation will be used. Presentation orders are presented in Annex E.

11 Experiment 7: The Effect of Dynamic Error Scenarios Under Clean Speech Conditions in GSM GMSK (ACR)

The experiment is designed to characterise the performance of different subsets of codec modes in dynamic error conditions. Dynamic error conditions are representative of operational propagation scenarios combining short term and long term fading effects. The primary purpose of these experiments is first to evaluate the speech quality provided by the AMR-WB codec when the codec adaptation is activated and demonstrate the capability of the system to adapt the codec mode to changing propagation conditions. Secondary objectives are to partially evaluate the relative performance of different sets of codec modes and the influence of the number of codec modes in the set. Because the main interest is to test the adaptive nature of the codec, it is seen that the single language would be enough for the purpose. The more detailed content of this experiment is for further study.

TBD, [DO we really need this experiment or could this be deleted?]
12 Experiment 8 (a & b): The Effect of Static Errors under Clean Speech Conditions in 3G (ACR)

12.1 Introduction

This experiment is designed to characterise the performance of the AMR-WB speech codec with clean speech under 3G channels.

The experiments 8a and 8b are designed to characterise the performance of the codec in each of its modes over a range of 3G channel conditions, producing what has been termed a family of curves.  Due to the number of modes available (9), and the range of C/I conditions over which each of these modes could be tested, it will not be possible to characterise all possible combinations. For each mode, 4 different error conditions can be tested (in addition to error free case.

The sub-experiments will be performed in only one language, due to funding limitation. Both sub-experiments could be tested with different language. The sub-experiments are identical except the error conditions used.

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 4. Therefore Listening Laboratories should use the information in Section 4 in conjunction with the information given in this section.

12.2 Test Conditions

Table 12‑1 shows the conditions to be used in this experiment. Table 12‑2 contains the full list of conditions and the practice conditions are given in Table 12‑3. 

Table 12‑1: Conditions and factors for Experiments 8a and 8b

Main Codec Conditions



Candidates
9
6.6, 8.85, 12.65, 14.25, 15.85, 18.25, 19.85, 23.05 and 23.85 kbit/s modes

Applications
1


Error Conditions
5
4 different error patterns and no errors case,

Exp. 8a and 8b will be using different EPs

Input level
1
Nominal (-26dBov)

Tandeming
1
single 

Input characteristic
1
P.341

Background noise
0
No background noise 

Codec references



Codec references
3
G.722-64k, G.722-56k, G.722-48k, (all: no errors, no background noise, P.341)

Tandeming
1
Single encoding (nominal level only)





Other references



Direct
1
Nominal input level, P.341

MNRU
5
Q=6, 12, 18, 24 & 30 dB (all nominal input level)





Common Conditions



Radio Channels
1


Number of talkers
4
2 male and 2 female

Stimulus type

Sentence-pairs

Number of speech samples
8
[6 TBD] + 2 (preliminaries) sentence pairs per talker.

Listening Level
1
79dB SPL

Listeners
24
Naïve Listeners

Groups
6
4 subjects/group

Randomisation
TBD
TBD

Rating Scale
1
ACR, Listening Quality Scale 

Replications
1


Languages
1
Only one language will be tested per sub-experiment

Listening System
1
Monaural headphones (flat response in the audio bandwidth of interest: 50Hz-7kHz). The other ear is open.

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 12‑2: Test conditions for Experiments 8a and 8b

Condition
Codec
Factor

1
Direct
-

2
MNRU
Q=30dB

3
MNRU
Q=24dB

4
MNRU
Q=18dB

5
MNRU
Q=12dB

6
MNRU
Q=6dB

7
G.722@64
Nominal, no errors

8
G.722@56
Nominal, no errors

9
G.722@48
Nominal, no errors

10
Mode 0 (6.6 kbit/s)
Nominal, no errors

11
Mode 0 (6.6 kbit/s)
EP_1_for_mode0

12
Mode 0 (6.6 kbit/s)
EP_2_for_mode0

13
Mode 0 (6.6 kbit/s)
EP_3_for_mode0

14
Mode 0 (6.6 kbit/s)
EP_4_for_mode0

15
Mode 1 (8.85 kbit/s)
Nominal, no errors

16
Mode 1 (8.85 kbit/s)
EP_1_for_mode1

17
Mode 1 (8.85 kbit/s)
EP_2_for_mode1

18
Mode 1 (8.85 kbit/s)
EP_3_for_mode1

19
Mode 1 (8.85 kbit/s)
EP_4_for_mode1

20
Mode 2 (12.65 kbit/s)
Nominal, no errors

21
Mode 2 (12.65 kbit/s)
EP_1_for_mode2

22
Mode 2 (12.65 kbit/s)
EP_2_for_mode2

23
Mode 2 (12.65 kbit/s)
EP_3_for_mode2

24
Mode 2 (12.65 kbit/s)
EP_4_for_mode2

25
Mode 3 (14.25 kbit/s)
Nominal, no errors

26
Mode 3 (14.25 kbit/s)
EP_1_for_mode3

27
Mode 3 (14.25 kbit/s)
EP_2_for_mode3

28
Mode 3 (14.25 kbit/s)
EP_3_for_mode3

29
Mode 3 (14.25 kbit/s)
EP_4_for_mode3

30
Mode 4 (15.85 kbit/s)
Nominal, no errors

31
Mode 4 (15.85 kbit/s)
EP_1_for_mode4

32
Mode 4 (15.85 kbit/s)
EP_2_for_mode4

33
Mode 4 (15.85 kbit/s)
EP_3_for_mode4

34
Mode 4 (15.85 kbit/s)
EP_4_for_mode4

35
Mode 5 (18.25 kbit/s)
Nominal, no errors

36
Mode 5 (18.25 kbit/s)
EP_1_for_mode5

37
Mode 5 (18.25 kbit/s)
EP_2_for_mode5

38
Mode 5 (18.25 kbit/s)
EP_3_for_mode5

39
Mode 5 (18.25 kbit/s)
EP_4_for_mode5

40
Mode 6 (19.85 kbit/s)
Nominal, no errors

41
Mode 6 (19.85 kbit/s)
EP_1_for_mode6

42
Mode 6 (19.85 kbit/s)
EP_2_for_mode6

43
Mode 6 (19.85 kbit/s)
EP_3_for_mode6

44
Mode 6 (19.85 kbit/s)
EP_4_for_mode6

45
Mode 7 (23.05 kbit/s)
Nominal, no errors

46
Mode 7 (23.05 kbit/s)
EP_1_for_mode6

47
Mode 7 (23.05 kbit/s)
EP_2_for_mode6

48
Mode 7 (23.05 kbit/s)
EP_3_for_mode6

49
Mode 7 (23.05 kbit/s)
EP_4_for_mode6

50
Mode 8 (23.85 kbit/s)
Nominal, no errors

51
Mode 8 (23.85 kbit/s)
EP_1_for_mode6

52
Mode 8 (23.85 kbit/s)
EP_2_for_mode6

53
Mode 8 (23.85 kbit/s)
EP_3_for_mode6

54
Mode 8 (23.85 kbit/s)
EP_4_for_mode6

Table 12‑3: List of preliminary conditions for Experiments 8a and 8b

Cond
ition
Codec and
Source

Practice
Main
C/I or Q(dB)
Sample

P01
C07
G722@64
M01S07

P02
C06
MNRU, Q=6
F02S07

P03
C02
MNRU Q=30
F01S07

P04
C05
MNRU, Q=12
M02S07

P05
C01
Direct, No Errors
F02S08

P06
C03
MNRU, Q=24
M01S08

P07
C04
MNRU, Q=18
M02S08

P08
C09
G722@48
F01S08

12.3 Speech Material

The speech material should be as defined in Section 3. The speech material for this experiment comprises 8 speech samples for each talker (this includes 2 samples for the preliminary conditions in each sub-experiment). Each talker's samples must be unique so that the subjects do not hear any sentence more than once. 

12.4 Experimental Design

The experiment is split into 6 groups (with 4 listeners per group) such that each listener will hear all talkers (but not all sentence pairs) through each test condition. Across each experiment as a whole, however, all combinations of talker, sentence pair and condition will be equally covered. Each of the 6 groups of subjects will therefore hear different combinations of source material and condition.

Each processed file will be voted on 4 times; these votes coming from one group of listeners. Each subject will hear each of the conditions 4 times, once with speech from each of the 4 talkers.

12.5 Opinion Scale

The question asked of the subject will be the ACR Listening Quality Scale. The subjects will listen to each sample and after it has completed they will be asked to give their opinion. Annex A.1 contains an example of the instructions for the subjects in English.

12.6 Processing

The processing table can be found in Annex D

12.7 Duration of the Experiment

The number of stimuli per subject is:

54 conditions x 4 repeated measures + 8 preliminaries = 224

Allowing 13 seconds in total for the presentation of the sample and score collection, this gives the following test length per subject for the experiment: 228 stimuli x 13 seconds = 49 minutes

Accounting for breaks, etc, it should take each group approximately 1h15m to complete Experiment 8a or 8b. If four simultaneous subjects can be accommodated, the total time to complete the experiment is in the order of 7.5 hours.

12.8 Votes Per Condition

Over the whole experiment, each condition will have 24 different speech samples passed through it. Each of these will be voted once by the 4 subjects in the group, giving:

 (4 votes/subject/condition x 6 groups x 4 subjects/group) = 96 votes per condition

12.9 Randomisation

Randomisation for each of the presentation orders are provided to minimise differences between the laboratories. In Experiments 8a and 8b, a total of TBD randomisation will be used. Presentation orders are presented in Annex E.

13 Experiment 9 (a & b & c): The Effect of Background Noise in Static C/I Conditions in 3G (DCR)

13.1 Introduction

The purpose of Experiment 9 is to characterise the performances of the different AMR-WB codec modes in static error conditions in the presence of background noise (Noise3, Noise4, Noise5). Exp. 9 will use different noise samples than those tested in experiments 6a and 6b. 

Only one language per sub-experiment will be used in order to keep the number of experiments within “financial” limits. This allows maximum of three different languages.

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 4. Therefore Listening Laboratories should use the information in Section 4 in conjunction with the information given in this section.

13.2 Test Conditions

Table 13‑1 shows the conditions to be used in this experiment. Table 13‑2 contains the full list of conditions and the practice conditions are given in Table 13‑3. 

Table 13‑1: Conditions and factors for Experiments 9a, 9b and 9c

Main Codec Conditions



Candidates
9
6.6, 8.85, 12.65, 14.25, 15.85, 18.25, 19.85, 23.05 and 23.85 kbit/s codec modes

Applications
1


Error Conditions
4
3 different error patterns and no errors case for each of the codec modes

Input level
1
Nominal (-26dBov)

Tandeming
1
single 

Input characteristic
1
P.341

Background noise
3
9a: TBD noise with TBD SNR

9b: TBD noise with TBD SNR

9c: TBD noise with TBD SNR

Codec references



Codec references
3
G.722-64k, G.722-56k, G.722-48k, (all: no errors, with the same background noise than for the tested codecs, P.341)

Tandeming
1
Single encoding (nominal level only)





Other references



Direct
1
Nominal input level, P.341

MNRU
5
Q=6, 12, 18, 24 & 30 dB (all nominal input level)





Common Conditions



Radio Channels
1


Number of talkers
4
2 male and 2 female

Stimulus type

Sentence-pairs

Number of speech samples
8
[6 TBD] + 2 (preliminaries) sentence pairs per talker.

Listening Level
1
79dB SPL

Listeners
24
Naïve Listeners

Groups
6
4 subjects/group

Randomisation
TBD
TBD

Rating Scale
1
modified DCR 

Replications
1


Languages
1
Only one language will be tested per background noise type

Listening System
1
Monaural headphones (flat response in the audio bandwidth of interest: 50Hz-7kHz). The other ear is open.

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 13‑2: Test conditions for Experiments 9a, 9b and 9c

Condition
Codec
Factor

1
Direct
-

2
MNRU
Q=30dB

3
MNRU
Q=24dB

4
MNRU
Q=18dB

5
MNRU
Q=12dB

6
MNRU
Q=6dB

7
G.722@64
Nominal, no errors

8
G.722@56
Nominal, no errors

9
G.722@48
Nominal, no errors

10
Mode 0 (6.6 kbit/s)
Nominal, no errors

11
Mode 0 (6.6 kbit/s)
EP_1_for_mode0

12
Mode 0 (6.6 kbit/s)
EP_2_for_mode0

13
Mode 0 (6.6 kbit/s)
EP_3_for_mode0

14
Mode 1 (8.85 kbit/s)
Nominal, no errors

15
Mode 1 (8.85 kbit/s)
EP_1_for_mode1

16
Mode 1 (8.85 kbit/s)
EP_2_for_mode1

17
Mode 1 (8.85 kbit/s)
EP_3_for_mode1

18
Mode 2 (12.65 kbit/s)
Nominal, no errors

19
Mode 2 (12.65 kbit/s)
EP_1_for_mode2

20
Mode 2 (12.65 kbit/s)
EP_2_for_mode2

21
Mode 2 (12.65 kbit/s)
EP_3_for_mode2

22
Mode 3 (14.25 kbit/s)
Nominal, no errors

23
Mode 3 (14.25 kbit/s)
EP_1_for_mode3

24
Mode 3 (14.25 kbit/s)
EP_2_for_mode3

25
Mode 3 (14.25 kbit/s)
EP_3_for_mode3

26
Mode 4 (15.85 kbit/s)
Nominal, no errors

27
Mode 4 (15.85 kbit/s)
EP_1_for_mode4

28
Mode 4 (15.85 kbit/s)
EP_2_for_mode4

29
Mode 4 (15.85 kbit/s)
EP_3_for_mode4

30
Mode 5 (18.25 kbit/s)
Nominal, no errors

31
Mode 5 (18.25 kbit/s)
EP_1_for_mode5

32
Mode 5 (18.25 kbit/s)
EP_2_for_mode5

33
Mode 5 (18.25 kbit/s)
EP_3_for_mode5

34
Mode 6 (19.85 kbit/s)
Nominal, no errors

35
Mode 6 (19.85 kbit/s)
EP_1_for_mode6

36
Mode 6 (19.85 kbit/s)
EP_2_for_mode6

37
Mode 6 (19.85 kbit/s)
EP_3_for_mode6

38
Mode 7 (23.05 kbit/s)
Nominal, no errors

39
Mode 7 (23.05 kbit/s)
EP_1_for_mode6

40
Mode 7 (23.05 kbit/s)
EP_2_for_mode6

41
Mode 7 (23.05 kbit/s)
EP_3_for_mode6

42
Mode 8 (23.85 kbit/s)
Nominal, no errors

43
Mode 8 (23.85 kbit/s)
EP_1_for_mode6

44
Mode 8 (23.85 kbit/s)
EP_2_for_mode6

45
Mode 8 (23.85 kbit/s)
EP_3_for_mode6

Table 13‑3: List of preliminary conditions for Experiments 9a, 9b and 9c

Cond
ition
Codec and
Source

Practice
Main
C/I or Q(dB)
Sample

P01
C07
G722@64
M01S07

P02
C06
MNRU, Q=6
F02S07

P03
C02
MNRU Q=30
F01S07

P04
C05
MNRU, Q=12
M02S07

P05
C01
Direct, No Errors
F02S08

P06
C03
MNRU, Q=24
M01S08

P07
C04
MNRU, Q=18
M02S08

P08
C09
G722@48
F01S08

13.3 Speech Material

The speech material should be as defined in Section 3. The speech material for this experiment comprises 8 speech samples for each talker (this includes 2 samples for the preliminary conditions in each sub-experiment). Each talker's samples must be unique so that the subjects do not hear any sentence more than once. 

13.4 Experimental Design

The experiment is split into 6 groups (with 4 listeners per group) such that each listener will hear all talkers (but not all sentence pairs) through each test condition. Across each experiment as a whole, however, all combinations of talker, sentence pair and condition will be equally covered. Each of the 6 groups of subjects will therefore hear different combinations of source material and condition.

Each processed file will be voted on 4 times; these votes coming from one group of listeners. Each subject will hear each of the conditions 4 times, once with speech from each of the 4 talkers.

13.5 Opinion Scale

The method of assessment will use a modified version of the Degradation Category Rating (DCR) method which standard procedure is fully described in [1].

13.6 Processing

The processing table can be found in Annex D

13.7 Duration of the Experiment

The number of stimuli per subject is:

45 conditions x 4 repeated measures + 8 preliminaries = 188

Allowing 21 seconds in total for the presentation of the sample and score collection, this gives the following test length per subject for the experiment: 188 stimuli x 21 seconds = 66 minutes

Accounting for breaks, etc, it should take each group approximately 1h30m to complete Experiment 9a, 9b or 9c. If four simultaneous subjects can be accommodated, the total time to complete the experiment is in the order of 9 hours.

13.8 Votes Per Condition

Over the whole experiment, each condition will have 24 different speech samples passed through it. Each of these will be voted once by the 4 subjects in the group, giving:

 (4 votes/subject/condition x 6 groups x 4 subjects/group) = 96 votes per condition

13.9 Randomisation

Randomisation for each of the presentation orders are provided to minimise differences between the laboratories. In Experiments 9a, 9b and 9c, a total of TBD randomisation will be used. Presentation orders are presented in Annex E.

14 Experiment 10 (a & b): EDGE 8-PSK FR/HR/QR-channel

The purpose of Experiment 10 is to characterise the performances of the different AMR-WB codec modes in EDGE 8-PSK FR, HR or QR channels. It may be that not all the channels will support the WB speech. This is for further study. The experiment is split into two sub-experiments because of the number of channels to be tested (2-3). Note also, that this experiment is done in phase II of the characterisation testing.

The experiments are designed to characterise the performance of the codec in each of its modes over a range of EDGE 8-PSK channel conditions, producing what has been termed a family of curves.  Due to the number of codec modes available (9), and the range of C/I conditions over which each of these codec modes could be tested, it will not be possible to characterise all possible combinations.  Error free will be characterised for each mode. For each mode approximately 3-4 different error conditions can be tested (in addition to error free case). This would result an experiment with around 54 conditions (+preliminaries) which could be still manageable ACR-test.

Only one language per sub-experiment will be used in order to keep the number of experiments within “financial” limits.

TBD in time for the phase II of AMR-WB testing
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Annex A:
Instructions to subjects and data collection 

The instructions given to the subjects will to some extent depend on the method used to collect opinion data.   In this section, example instructions are given for ACR, DCR, and CCR experiments.  To ensure consistency between the different laboratories, the actual instructions given to the subjects should be as close as possible to these examples, adapted for the number of speech files and length of the actual experiment, data collection method, and translated into the native language.

The instructions must be given prior to the commencement of the experiment, and the experimenter should ensure that the subject has understood them before starting the experiment.  Questions asked by the subjects on procedural aspects of the experiment can, and should, be answered.  However questions about the experiment design or what the experiment is investigating should not be answered until the subjects have completed the experiment.  Subjects must be told not to give such information to subjects who are yet to participate in the experiment.

Subjects' responses may be collected by any convenient method: e.g. pencil and paper, press buttons controlling lamps recorded by the operator, or automatic data-logging equipment.  Whichever method is used, care must be taken that subjects should not be able to observe other subjects' responses, nor should they be able to see the record of their own responses made in a previous session. Apart from the inevitable memory effects, each response should be independent of every other.

Annex A.1
Example Instructions for the ACR Listening Quality Scale

INSTRUCTIONS TO SUBJECTS

In this experiment we are evaluating systems that might be used for telecommunication services.

You are going to hear [m] samples of speech reproduced through the telephone handset. Each sample will consist of a sequence of 2 sentences. Please listen to the complete sample, then indicate your opinion of the overall sound quality on the following 5-point scale:

Excellent

Good

Fair

Poor

Bad

After listening to a sample sequence, [please write the appropriate response on the sheet provided] which on this rating scale represents your opinion of the sound quality of the sample you just heard.

After you have given your opinion there will be a short pause before the next sample begins.

For practice, you will first hear [n] samples and give an opinion on each.  There will then be a short break to make sure that everything is clear.

From then on you will have a break approximately every [p] minutes. The test will last a total of approximately [q] minutes.

Please do not discuss your opinions with other listeners participating in the experiment.

Table A.1: Example Subject Instructions for an ACR test using the Listening Quality scale.

Annex A.2
Example Instructions for the Modified DCR Scale

The DCR method is particularly useful for assessing the performance of telecommunications systems when the input speech is corrupted by background noise.  In the DCR procedure, listeners are presented with a pair of speech samples. A reference (unprocessed) sample is presented first, followed by the same speech sample processed through the relevant experimental condition. Listeners must rate the amount by which the second sample is degraded relative to the unprocessed (first) sample. In the Modified-DCR method (as used in the characterisation phase), the reference sample is not clean speech, it is also corrupted by the same noise (if any) and processed through the same preliminary processes, such as transmitter characteristic, logarithmic compounding, etc. Thus, there will be a different reference for each of the test conditions.

INSTRUCTIONS TO SUBJECTS

In this experiment we are evaluating systems that might be used for telecommunication services.

You are going to hear through the handset pairs of speech samples, most of which have been recorded in different noisy environments (for example inside a car, in an office, or on the street).  The first sample you will hear will be the reference sample.  You will then hear the same sample again, but this time it will have passed through a telecommunications system.  These samples will each consist of two short unconnected sentences.

You should listen carefully to each pair of samples. When they have finished, please record your opinion of any degradation you can perceive on the second sample with regard to the first one (reference) using the following scale :

Degradation not perceived or even some improvement

Degradation perceived but not annoying

Degradation slightly annoying

Degradation annoying

Degradation very annoying

For practice, you will first hear [n] sample pairs and give an opinion on each.  There will then be a short break to make sure that everything is clear.

From then on you will have a break approximately every [p] minutes. The test will last a total of approximately [q] minutes.

Please do not discuss your opinions with other listeners participating in the experiment.

Table A.2: Example of instructions to subjects for M-DCR test.

Annex A.3
Example Instructions for the Adapted CCR Scale

INSTRUCTIONS TO SUBJECTS

In this experiment we are evaluating systems that might be used for telecommunication services.

You are going to hear through the handset pairs of speech samples, most of which have been recorded in different noisy environments (for example inside a car, in an office, or on the street).  The first sample you will hear will be the reference sample.  You will then hear the same sample again, but this time it will have passed through a telecommunications system.  These samples will each consist of two short unconnected sentences.

You should listen carefully to each pair of samples. When they have finished, please record your opinion of any degradation you can perceive on the second sample with regard to the first one using the following scale :

Much better

Better

Slightly better

About the same

Slightly worse

Worse

Much worse

For practice, you will first hear [n] sample pairs and give an opinion on each.  There will then be a short break to make sure that everything is clear.

From then on you will have a break approximately every [p] minutes. The test will last a total of approximately [q] minutes.

Please do not discuss your opinions with other listeners participating in the experiment.

Table A.3: Example of instructions to subjects for M-CCR test.

Annex B:
Results to be provided to the Analysis Laboratory

Results form the Characterisation Phase will be presented using Excel Spreadsheets to be provided by the Analysis Laboratory.   This will ensure consistency across the presentation of the test results from the different laboratories.

For contractual purposes, the information which needs to be provided to the Analysis Laboratory in order for the global analysis to be completed is defined here.  In practice, this information will probably be provided using the spreadsheets mentioned above.

The information required for each experiment from each of the Listening Laboratories is:

A table containing the following information for each of the conditions in the experiment:

· The Mean Opinion Score (MOS) obtained for all the male speech samples.

· The MOS obtained for all the female speech samples.

· The MOS obtained for all the speech samples, both male and female.

· The Standard Deviation of the MOS obtained for all the speech samples, both male and female.

Annex C:
File Naming Convention

In the course of preparations for the characterisation tests, speech samples will be exchanged between the Listening Laboratories and the Host Laboratories.  A specific file naming convention is defined here for these files.  It is mandatory for the Laboratories involved to follow this convention.

· The files prepared by the Listening Laboratories and provided to the Host Laboratory will be pre-processed and must have an extension .PRE

· The files provided to the Listening Laboratories for the execution of the test must have an extension .OUT, the preliminary (or practice) must be identified by an extension .PRA.

C.1
Filenames for pre-processed Files

Table C1 defines the naming convention for the pre-processed files, provided by the listening Laboratories to the Host Laboratories for processing.

TBD

Table C1: Filename convention for pre-processed files

The samples must be delivered by the test houses to the host lab after pre-processing in a directory structure following the convention:

\Lab_x\Exp_ee\filename,

where x is the code of the test house as shown in Table C2 and ee is the experiment number as shown in table E.2.

TBD

Table C2: Naming convention for the directory structure

C.2
Filenames for Processed Files

After the processing, the speech samples must be returned to the Listening Laboratories by the Host Laboratory.  Table C3 defines the naming convention for the processed and output files.

TBD

Table E.4: Filename convention for the processed material

When delivered to the test houses by the host lab, the samples should be provided in a directory structure following the convention:

\Lab_x\Exp_ee\Order_x\filename.

with the same convention as before.

For the preliminaries, the condition number should represent the index of that condition and should be provided in a dedicated directory:

\Lab_x\Exp_ee\Practices\filenames

with the same convention as before.

Annex D: Processing Tables

The tables in this annex show on a per experiment basis which speech files need to be processed through which conditions for each of the presentation orders. The output files from this process should be named according to the agreed convention in Annex C.  The source files referred to here are pre-processed and will all have a .PRE file extension.

The processing requirements for the preliminary practice samples are given in the individual experiment plans.

E.1
Processing Tables for Experiment 1

TBD

E.2
Processing Tables for Experiment 2

TBD

E.3
Processing Tables for Experiment 3

TBD

E.4
Processing Tables for Experiment 4

TBD

E.5
Processing Tables for Experiment 5

TBD

E.6
Processing Tables for Experiment 6

TBD

E.7
Processing Tables for Experiment 7

TBD

E.8
Processing Tables for Experiment 8

TBD

E.9
Processing Tables for Experiment 9

TBD

E.10
Processing Tables for Experiment 10

TBD

Annex E: Presentation Orders

The tables in this section show (for those experiments where this information is to be provided) the presentation orders for all subjects participating in the experiment.  These orders, where provided must be followed by the Listening Laboratories when performing their experiments.  Where no such table is provided in this section for any experiment, the Listening Laboratory must provide its own randomised presentation order according to the details given in the test plan for the experiment, in particular the contents of the sub-section on Randomisation.

F.1
Presentation Orders for Experiment 1

TBD

F.2
Presentation Orders for Experiment 2

TBD

F.3
Presentation Orders for Experiment 3

TBD

F.4
Presentation Orders for Experiment 4

TBD

F.5
Presentation Orders for Experiment 5

TBD

F.6
Presentation Orders for Experiment 6

TBD

F.7
Presentation Orders for Experiment 7

TBD

F.8
Presentation Orders for Experiment 8

TBD

F.9
Presentation Orders for Experiment 9

TBD

F.10
Presentation Orders for Experiment 10

TBD
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