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This document presents the plan for testing the speech reconstruction capability of the SES (Speech Enabled Services) codec candidates.

1. Introduction

There are two aspects to be considered when assessing the speech reconstruction capability of the SES (Speech Enabled Services) codecs. Intelligibility and quality are two separate quantities which can be determined in the different type of listening experiments. The capability to reconstruct intelligible speech is regarded as a basic requirement for any codec to be used in real-world systems. High quality can be seen as a requirement for reconstruction to ensure a pleasant user experience.

The following codecs have been submitted as the candidate codecs for SES:

· AMR Codec and AMR WB Codec.

· The ETSI DSR standard ES 202 050 for distributed speech recognition and its extension.

This document describes the speech reconstruction testing plan for these codecs. The results from the reconstruction quality assessment are only for informative purposes.

2. Assessment of Reconstructed Speech Intelligibility

Based on the work done in ETSI Aurora, it can be expected that both the 8 and 16 kHz DSR codec versions are capable of reconstructing intelligible speech. Therefore, there may not be a need to carry out the intelligibility tests for the SES candidate codecs.

3. Assessment of Reconstructed Speech Quality

This section contains the test plan for the evaluation of reconstructed speech quality of SES codec. DSR standard ES 202 050 and its extension is compared with AMR and AMR-WB speech codec standards.

The test is split into four experiments given in the table below:

	Exp. No.
	Title

	1
	ACR test: AMR and ES 202 050 (with extension) in clean speech in clean and error prone channel (8 kHz sampling)

	2
	DCR test: AMR and ES 202 050 (with extension) in speech with background noise speech in clean and error prone channel (8 kHz sampling)

	3
	ACR test: AMR-WB and ES 202 050 (with extension) in clean speech in clean and error prone channel (16 kHz sampling)

	4
	DCR test: AMR-WB and ES 202 050 (with extension) in speech with background noise speech in clean and error prone channel (16 kHz sampling)


3.1 Format of speech material

Each source speech file will contain one pair of sentences and will last exactly 8 seconds, with a flexible time interval between the two 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 3.1. The sentences will be simple meaningful sentences as described in Annex B1.4 of ITU-T Rec. P.800.
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Figure 3.1 Example of Speech file structure for short speech samples

3.2 Processing of the Speech Files

All speech files will need to be pre-processed prior to being processed through the experimental conditions. This pre-processing ensures that the speech is at the correct level and has the correct input characteristic. Speech levels will 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 test plans for the individual experiments. Where the nominal level is specified, this level should be set to 26dB (±1dB) below digital overload (-26dBovl). 

Some of the experiments require that the source speech material has background noise added. Noise levels will be measured with the RMS computation algorithm and level adjusted with the gain/loss algorithm to the required level. 

The channel error insertion is done to concatenated files to ensure same error pattern offset for all conditions.

3.3 Listening Environment

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

The following points should be adhered to:

· Where the experiment design and the listening environment allows for multiple subjects in each listening session, the requirements stated above apply to each of the positions the subjects will occupy. 

· Where there are multiple simultaneous subjects, they should not be able to see the responses made by other subjects. 

· All test stimuli will be presented monaurally to the subjects over a high quality headphones

· Subjects should be told not to discuss the experiment with subjects who are yet to participate. 

· Any test house performing multiple experiments must use different listening subjects for each experiment or sub-experiment. 

3.4 Experimental Procedure

Initially the experimenter should present and explain the experiment instructions to the subjects. When the subject has understood the instructions, they will first listen and give score to the preliminary conditions. After the preliminaries have been completed, there should be sufficient time allowed for answering possible questions from the subjects. Any questions about the procedure or the meaning of the instructions should be answered, but any technical questions on matters such as the experimental methodology or details of the types of distortions they are listening to must not be answered until they have completed the experiment.

3.5 Preliminary Conditions
Preliminary conditions are included in the experiment to help acclimatise the subjects with the experimental procedure and to help reduce learning effects of the subjects, by ensuring that the subjects hear a full range of the potential qualities at the start of the experiment.

3.6 Reference Conditions
MNRU references and direct input are included in all experiments as standard references of known and well-understood performance.

For the tests involving background noise conditions, the MNRU references will use clean speech (i.e. background noise should not be used with the MNRU).

3.7 Channel errors

The same error patterns used in the speech recognition tasks are used also in the speech quality evaluation. Frame error rates 0, 1 and 3% are used. 

3.8 Noise Material

Experiment 2 and 4 require the addition of noise to the speech material. The following type of noise is identified in this test plan:

Babble Noise:
This represents a non-stationary noise and will be typical of a noise, which might be experienced by someone using a mobile in a café or a restaurant.

Experiment 1: Clean speech, ACR (8 kHz sampling)

The purpose of this experiment is to evaluate the performances of the AMR and ES 202 050 (with extension) in Clean Speech. In experiment 1, the tested AMR modes are 12.2 and 4.75 kbit/s

The method of assessment will be the ACR Scale. 

Table 3.1 shows all factors and reference conditions for this experiment. 

	Main Codec Conditions
	
	

	Candidates
	3
	AMR 12.2, 4.75 kbit/s and ES 202 050 (with extension) 

	Error Conditions 
	3
	Frame error rates 0, 1, 3% 

	Input levels
	1
	-26 dBov

	Tandeming and noise
	0
	No tandeming 

	Sampling rate
	1
	8 kHz

	Input characteristic
	1
	MSIN

	
	
	

	References
	
	

	MNRU
	2
	Q=15, 30 dBQ (compared to 35 dBQ)

	Direct
	1
	Direct input

	
	
	

	Common Conditions
	
	

	Number of talkers
	6
	3 male and 3 female

	Stimulus type
	
	Sentence-pairs

	Number of speech samples
	36
	6 sentence pairs per talker.

	Listening Level
	1
	79dB SPL

	Listeners
	24
	Naïve Listeners

	Groups
	8
	3 subjects/group

	Randomisation
	24
	Randomisation is unique for each listener

	Rating Scale
	1
	ACR

	Replications
	1
	

	Languages
	
	Depends on the test lab

	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 3.1 Factors and conditions for Experiment 1

3.9 Duration of experiment 1

The number of stimuli per subject is:

(12 conditions x 6 talkers) = 72

Allowing 14 seconds in total for the presentation of the sample and score collection, this gives the following per subject times for the experiment:

72 stimuli x 14 seconds = 17 minutes

If six simultaneous subjects can be accommodated, the total time to complete the experiment is in the order of:

17 minutes x 4  = 1 hour 8 minutes

Experiment 2: Performance in background noise, DCR (8 kHz sampling)

This experiment is designed to evaluate the performance of the AMR codec and ES 202 050 (with extension) under Background noise. In experiment 2, the noise type is babble noise at 10 dB SNR. 

Table 3.2 shows all factors and reference conditions for this experiment. The method of assessment will be the DCR Scale. Subjects are presented with pairs of speech samples, where first is the original sample and the second is the coded sample.

	Main Codec Conditions
	
	

	Candidates
	3
	AMR 12.2, 4.75 kbit/s and ES 202 050 (with extension)

	Error Conditions 
	3
	Frame error rate 0, 1, 3%

	Input level
	1
	-26 dBov

	Tandeming and noise
	0
	No tandeming 

	Background noise
	1
	Babble noise at S/N = 10 dB

	Sampling rate
	1
	8 kHz

	Input characteristic
	1
	MSIN

	
	
	

	Other references
	
	

	MNRU
	2
	Q=15, 30 dBQ (compared to 35 dBQ)

	Direct
	1
	Direct input

	
	
	

	Common Conditions
	
	

	Number of talkers
	6
	3 male and 3 female

	Stimulus type
	
	Sentence-pairs

	Number of speech samples
	36
	6 sentence pairs per talker.

	Listening Level
	1
	79dB SPL

	Listeners
	24
	Naïve Listeners

	Groups
	8
	3 subjects/group

	Randomisation
	24
	Randomisation is unique for each listener

	Rating Scale
	1
	DCR

	Replications
	1
	

	Languages
	
	Depends on the test lab

	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 3.2 Factors and conditions for Experiment 2

3.10 Duration of experiment 2

The number of stimuli per subject is:

(12 conditions x 6 talkers) = 72

Allowing 24 seconds in total for the presentation of the sample and score collection, this gives the following per subject times for the experiment:

72 stimuli x 24 seconds = 30 minutes

If six simultaneous subjects can be accommodated, the total time to complete the experiment is in the order of:

30 minutes x 4  = 2 hours

Experiment 3: Clean speech, ACR (16 kHz sampling)

The purpose of this experiment is to evaluate the performances of the AMR-WB and ES 202 050 (with extension) in Clean Speech. In experiment 3, the tested AMR-WB modes are 12.65 and 23.85 kbit/s

The method of assessment will be the ACR Scale. 

Table 3.3 shows all factors and reference conditions for this experiment. 

	Main Codec Conditions
	
	

	Candidates
	3
	AMR-WB 12.65, 23.85 kbit/s and ES 202 050 (with extension) 

	Error Conditions 
	3
	Frame error rates 0, 1, 3% 

	Input levels
	1
	-26 dBov

	Tandeming and noise
	0
	No tandeming 

	Sampling rate
	1
	16 kHz

	Input characteristic
	1
	P.341

	
	
	

	References
	
	

	MNRU
	2
	Q=15, 30 dBQ (compared to 35 dBQ)

	Direct
	1
	Direct input

	
	
	

	Common Conditions
	
	

	Number of talkers
	6
	3 male and 3 female

	Stimulus type
	
	Sentence-pairs

	Number of speech samples
	36
	6 sentence pairs per talker.

	Listening Level
	1
	79dB SPL

	Listeners
	24
	Naïve Listeners

	Groups
	8
	3 subjects/group

	Randomisation
	24
	Randomisation is unique for each listener

	Rating Scale
	1
	ACR

	Replications
	1
	

	Languages
	
	Depends on the test lab

	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 3.3 Factors and conditions for Experiment 3

3.11 Duration of experiment 3

The number of stimuli per subject is:

(12 conditions x 6 talkers) = 72

Allowing 14 seconds in total for the presentation of the sample and score collection, this gives the following per subject times for the experiment:

72 stimuli x 14 seconds = 17 minutes

If six simultaneous subjects can be accommodated, the total time to complete the experiment is in the order of:

17 minutes x 4  = 1 hour 8 minutes

Experiment 4: Performance in background noise, DCR (16 kHz sampling)

This experiment is designed to evaluate the performance of the AMR-WB codec and ES 202 050 (with extension) under Background noise. In experiment 4, the noise type is babble noise at 10 dB SNR. 

Table 6.4 shows all factors and reference conditions for this experiment. The method of assessment will be the DCR Scale. Subjects are presented with pairs of speech samples, where first is the original sample and the second is the coded sample.

	Main Codec Conditions
	
	

	Candidates
	3
	AMR 12.65, 23.85 kbit/s and ES 202 050 (with extension)

	Error Conditions 
	3
	Frame error rate 0, 1, 3%

	Input level
	1
	-26 dBov

	Tandeming and noise
	0
	No tandeming 

	Background noise
	1
	Babble noise at S/N = 10 dB

	Sampling rate
	1
	16 kHz

	Input characteristic
	1
	P.341

	
	
	

	Other references
	
	

	MNRU
	2
	Q=15, 30 dBQ (compared to 35 dBQ)

	Direct
	1
	Direct input

	
	
	

	Common Conditions
	
	

	Number of talkers
	6
	3 male and 3 female

	Stimulus type
	
	Sentence-pairs

	Number of speech samples
	36
	6 sentence pairs per talker.

	Listening Level
	1
	79dB SPL

	Listeners
	24
	Naïve Listeners

	Groups
	8
	3 subjects/group

	Randomisation
	24
	Randomisation is unique for each listener

	Rating Scale
	1
	DCR

	Replications
	1
	

	Languages
	
	Depends on the test lab

	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 3.4 Factors and conditions for Experiment 4

3.12 Duration of experiment 4

The number of stimuli per subject is:

(12 conditions x 6 talkers) = 72

Allowing 24 seconds in total for the presentation of the sample and score collection, this gives the following per subject times for the experiment:

72 stimuli x 24 seconds = 30 minutes

If six simultaneous subjects can be accommodated, the total time to complete the experiment is in the order of:

30 minutes x 4  = 2 hours

3.13 Processing

The test laboratory is responsible of processing the test material using the candidate codecs.

3.14 Test Laboratories

Nokia has agreed to carry out the reconstruction quality assessment described in Section 3 using the Finnish test data.
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