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1.
Introduction

On mandate of SA speech quality evaluations have been carried out testing the speech reconstruction quality of the SES candidate codecs. This document presents for information to be considered in the SES codec selection results of quality evaluations carried out by RCDCT Laboratories1 on behalf of Ericsson.

2.
Experiments

RCDCT Laboratories performed three listening assessments in Chinese comparing the codec speech reconstruction quality of the candidate codec for SES, the AMR speech codec (3GPP TS 26.073) and DSR. 

The evaluations were done in accordance with the test plan specified in [1]. The following three experiments were performed:

	Exp. No.
	Title

	1
	ACR test: AMR and DSR in clean speech in clean and error prone channel (8 kHz sampling)

	2
	DCR test: AMR and DSR in speech with background noise (babble) speech in clean and error prone channel (8 kHz sampling)

	3
	DCR test: AMR and DSR in speech with background noise (car) speech in clean and error prone channel (8 kHz sampling)


The experiments were carried out using a subset of the Chinese speech material available in the NTT Speech Database. Twenty-four distinct native speakers of the Chinese language performed as subjects for each of the three experiments, which were nominally balanced for gender. In total, 72 subjects were used. The raw data collected was used to derive Mean Opinion Scores and and standard deviation statistics for each experiment.

2.1.
Source Material

2.1.1
Speech source material

The experiments were performed using a subset of the Chinese speech material available in the NTT Speech Database. Six sentence pairs from three male and three female Chinese-speaking talkers i.e. a total of 36 were selected. 

2.1.2 Background noise material 

The background noise signals for experiment 2 and 3 were taken from the NTT noise database.

2.1.3 Channel error patterns

The same channel error patterns for 1% and 3% frame loss rate were used as in the speech recognition experiments. Alcatel provided the error patterns.

2.2. Processing

2.2.1
Preprocessing

The speech source material was MSIN filtered and level adjusted to an active speech level of -26 dBov. For the experiments with background noise, MSIN filtered background noise was adjusted to an RMS level of –36 dBov and then added to the speech files giving noisy speech with the required SNR of 10 dB. The pre-processing was done by Ericsson.

2.2.2 Main-processing

The processing for the AMR codec conditions was done using executables built from 3GPP TS 26.073. For the conditions with frame losses a frame loss device was used discarding codec frames depending on the contents of the error pattern file. This processing was done with concatenated speech files, according to the test plan.

The processing for the DSR codec was done by Motorola using concatenated speech files.

3.
Listening Sessions

3.1 
Listener groups, randomization and presentation order

For each experiment, the test subjects were divided in eight groups of three subjects and each group used its own material randomization and a unique random presentation order.  
3.2 

Listeners

Each of the three subjective assessments was carried out using 24 listeners (nominally balanced between male and female), divided into eight groups of three listeners each. In total, 72 different native speakers of Chinese performed as test subjects.
3.3 
Lab setup

The processed speech material was presented to groups of listeners, seated at separate, visually screened listening stations contained within an acoustically conditioned sound room meeting the requirements recommended by ITU-T P.800. The room had a HOTH noise spectrum at 30 dBA level. The presentations were made monaurally. 

4. Results

Figures 1 to 3 display the MOS, respectively, DMOS scores obtained in the 3 experiments. The error bars show the 95% confidence intervals for the scores obtained in a statistical analysis of the results. 

As can be concluded from the results of experiment 1, the speech quality of the AMR codec is scored in a range from good to fair, depending on the AMR codec mode and the error condition. The speech reconstruction quality of the DSR codec is scored from slightly better than poor to poor, depending on the error condition.

The degradation scores obtained for the AMR codec in the experiments with background noise range from almost not perceivable to slightly annoying, depending on the AMR mode and the error condition. The speech quality of the DSR codec is rated between annoying and very annoying.
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Figure 1: Results of experiment 1 - Clean speech performance under clean and degraded channel conditions 
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Figure 2: Results of experiment 2 – Noisy speech performance (babble) under clean and degraded channel conditions
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Figure 3: Results of experiment 3 – Noisy speech performance (car) under clean and degraded channel conditions

4. Conclusion

As can be concluded from the listening test results, the speech quality obtained with the DSR codec is under all tested conditions considerably degraded compared to the worst-case quality of the AMR codec. The quality offered by the DSR codec can hardly be considered acceptable, particularly if operated in a context where listening to longer periods of the reconstructed speech is required.
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