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Summary

At previous meetings, it was decided to organize conversation tests for AMR and AMR-WB used in packet switch voice service. To progress, a conversation test methodology with some test parameters (delay, packet loss, radio conditions) is proposed for discussion. This methodology is based on ITU-T Recommendations.

Conversation test methodology

The protocol described below evaluates the effect of degradation such as delay and dropped packets on the quality of the communications. It corresponds to the conversation-opinion tests recommended by the ITU-T P.800 [1]. Contrary to listening tests, conversation-opinion tests are suited to assess the effects of impairments that can cause difficulty while conversing (such as delay).

Each conversation lasts between 2 and 3 minutes. The subjects participate to the test by couple. Conversational tests are set up between non-expert subjects. A minimum of sixteen subjects (eight couples) is needed in order to conduct a relevant statistical analysis of the data. 

They are seated in separate sound-proof rooms and are asked to hold a conversation with the support of a pretext given by the experimentator. The transmission between terminals equipped with headsets is performed by means of UMTS simulators and communications are impaired by means of an IP impairments simulator, as the figure below describes it.


The pretexts used for this protocol are those developed by the Rurh University (Bochum, Germany) within the context of ITU-T SG12 [5]. These scenarios have been elaborated to allow a conversation well balanced within both participants and lasting approximately 2’30 or 3’, and to stimulate the discussion between persons that know each other to facilitate the naturalness of the conversation. They are derived from typical situations of every day life: railways inquiries, rent a car or an apartment, etc. 

Each communication corresponds to one tested condition defined by a combination of the different factors exposed in the table below. All the combinations are performed, that gives eighteen conditions per experiment (3 radio conditions x 3 IP conditions x 2 Robust Header Compression).

The eighteen conditions are presented with different modes of the AMR and the AMR wide-band codecs, in different experiments (i.e. one mode per experiment). 

	Factor
	Levels

	Radio conditions
	- Vehicular 50 km/h

- In-door

- Pedestrian 3km/h

	IP conditions
	- Delay (50 ms), 0% of packet losses, 0 ms of jitter

- Delay (50 ms), 0% of packet losses, 30 ms of jitter

- Delay (50 ms), 3% of packet losses, 0 ms of jitter



	ROHC
	- Yes

- No


After each communication (corresponding to one specific condition) the subjects have to judge the quality of the communication filling in a specific form. To be sure to assess all aspects of speech quality, five different questions are submitted to subjects after each of the communications they have when testing the terminals. These questions are extracted from the recommendations ITU-T P.800 [1], ITU-T P.830 [2], ITU-T P.831[3], ITU-T P.832 [4]. and allow to cover different aspects of quality (interactivity, quality of the interlocutor,…) :

How do you judge the global quality of the communication?

	Excellent
	Good
	Fair
	Poor
	Bad


How do you judge the naturalness of the voice of your partner?

	Natural
	
	
	
	Unnatural


How do you judge the efforts you had to spend to understand your partner?

	Complete relaxation possible; no effort required
	Attention necessary; no appreciable effort required
	Moderate effort required
	Considerable effort required
	No meaning understood with any feasible effort


How do you judge the efforts you had to spend to interrupt your partner?

	No effort at all
	I had to pay attention but the effort was moderate 
	The effort was quite high
	The effort was very high
	I could not interrupt my friend


Did you perceive any impairment (noises, cuts,…)? In that case, was it:

	No impairment
	Slight impairment, but not disturbing
	Impairment slightly disturbing
	Impairment disturbing
	Very disturbing Impairment


In addition, during the communication, the subjects could announce quality degradations that they perceived by pressing on the bar spaces keyboard of a computer. This procedure is not recommended yet but has been already used in order to study the impact of time-varying IP impairments in a research project, and gives interesting information [6]. 

Two statistical analyses are conducted on the data obtained with these subjective scales. The first analysis consists in a Multiple ANalysis OF VAriance (MANOVA), which globally indicates the possible effect of the experimental factors (i.e., differents conditions). Then, a specific ANOVA is run on each dependent variable (the five scales) to test if there is an effect of a specific experimental factor for a given subjective variable. Finally, correlation are computed between the results of all subjective variables, to see which are those preponderant or dependent on others.

Remark: The echo loss values as defined in TS131 are sufficient to guarantee an echo free transmission. Therefore, a first test should be carry out without considering echo condition. However, the conversation situation in which echo could appear should be only with a link to fixed network interconnected with a gateway or with IP phone, in the case of deficient signalling for echo cancellers. Therefore a second test should be performed in these echo condition, for AMR and AMR WB. The rating procedure should be identical that the one described above, with one added criterion:

Did you perceive any echo? In that case, was it?

	No echo
	Slight echo, but not disturbing
	Echo slightly disturbing
	Echo disturbing
	Very disturbing echo


References

[1] Rec. ITU-T P.800, “Methods for subjective determination of transmission quality”, Geneva 1996.

[2] Rec. ITU-T P.830, “Subjective performance assessment of telephone-band and wideband digital codecs”, Geneva 1996.

[3] Rec. ITU-T P.831

[4] Rec. ITU-T P.832

[5] ITU-T SG 12 COM12-35 "Development of scenarios for short conversation test", 1997

[6] Gros, L., "Evaluation subjective de la qualité vocale fluctuante", PhD of University of Marseille, France, 2001.

 





 





 





 





 





 





 











UMTS simulator





UMTS simulator





IP impairments simulator








�	Jean-Yves Monfort	Tel: +33 2 96 05 31 71	jeanyves.monfort@francetelecom.com


France Télécom R&D


2 Avenue P. Marzin, 22307 Lannion, France







Page: 1/3


Page: 3/3

