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Abstract

The following text reports on ETSI Workshop on Speech and Noise in Wideband Communication held on 22-23 May 2007 in ETSI premises in Sophia Antipolis. It contained 2 keynote lectures, 9 regular contributions and 8 lectures, reporting on result of STF 294: “Improving the quality of eEurope wideband speech applications by developing a standardized performance testing and evaluation methodology for background noise transmission”.

 The following questions have been raised during the discussions:

· where to implement voice enhancements - between the terminal and the network
· acoustic interface design role in resulting quality

· deployment aspects of wide-band services
Opening of the meeting

The ETSI STQ Chairman Jean-Yves Monfort opened the workshop welcoming the participants. He gave a short overview of the results and ongoing activities of TC STQ (http://portal.etsi.org/portal_common/home.asp?tbkey1=STQ). 

Practical information about workshop program, lunches and cocktail were given.A CD with the presentations was distributed to the participants during registration. All the presentations will be available on the STQ Workshop site (http://portal.etsi.org/stq/workshop2007agenda.asp) shortly after the meeting.

Keynote Lecture 1: “Wide-band Speech Telephony: from 1984 to 2007”

Karl Hellwig - Ericsson
Karl Hellwig presented an invited lecture, describing the evolution of wide-band telephony. The covered aspects included speech coders and their history, requirements on transport network etc. but also motivations of telecom providers (not) to deploy wide-band services. Multiple wide-band speech samples have been presented. Karl’s presentation was quite interesting and convincing due to his personal involvement in the research topic since the very beginning.
During the discussion, the following points were raised: Artificial bandwidth extension bridging the gap between narrowband and wideband telephony, exact value of lower bandwidth limit for wide-band, possibility of fixed lines replacement by wide-band VoIP in the future, importance of sending side acoustics design. Also some standardization aspects (no AMR-WB in 3GPP, DECT roaming) were mentioned.
Keynote Lecture 2: “Quality Comparison of Wideband Coders Including Tandeming and Transcoding”

Catherine Quinquis - France Telecom

Catherine Quinquis in her talk presented the results of extensive wideband coder tests, namely G.722, G.729.1, AMR-WB and EVRC-WB. All these have been standardized for conversational applications in different contexts and provide high wideband quality. Codec self tandemmings produce quite limited quality degradations. Transcodings between different wideband formats produce more significant degradation. All codecs include high efficiency packet loss mechanisms that make them fully suitable for usage over packet networks even in degraded transmission conditions. For G.722, Appendices III and IV to G.722 Recommendation have been recently standardized by ITU-T to make it also fully suitable for any packet based applications.

The consequent discussion contained the following topics: Reasons for wide-band / narrow band differences in the presented tests, difficulties in minimizing the impact of tandemming and the need to restrict voice enhancement features only to terminals (not to allow their presence in the network).
Session 1: Implementation
Chaired by Jan Holub – MESAQIN.com
Jan Holub opened the first regular session, informing that three articles will be presented. Before each presentation, a short biography of each author was given. 

Architecture for Dual Narrowband / Wideband Noise Reduction
M. Schönle - Siemens AG, Ch. Beaugeant Nokia Siemens Networks

Christophe Beaugeant presented the main differences between narrowband and wideband noise reduction, highlighting their impact on dual audio band systems. A novel architecture has been proposed for dual narrow-/wide- band voice systems, with optimized FFT lengths, frequency filters and power weighting procedures. Three presented schemes proved feasibility and scalability of the solution.

During the discussion a question about possible delay saving by avoiding frequency domain operations has been raised. Practical deployment and prospective of such approach for medicine devices has been also discussed.
Wideband Speech Access by Wireless Pseudo Analogue-Digital Transmission

C. Hoelper, P. Vary - IND, RWTH Aachen University
Carsten Hoelper presented Mixed Pseudo Analogue-Digital audio transmission concept (MAD) as an alternative of high quality transmission with low complexity, suitable e.g. for wireless microphones and cordless telephones. MAD speech transmission outperforms narrowband and wideband AMR with respect to speech quality, transmission bandwidth, and complexity. As it is not a speech model based approach it is suitable for all audio signals.
The discussion covered the aspects of normalized residual signal transmission, achievable SNR and type of objective algorithm used for coder testing (PEAQ). 

Systems for Improvement of the Communication in Passenger Compartments

T. Haulick - Harman/Becker Automotive Systems


Tim Haulick presented a system for compensation of acoustic loss in car, occurring between driver and passenger seated on car back seat. Support of front-to-rear communication increases road safety and traveling comfort. Subjective testing confirmed applicability of the proposed systems. Short video presentation accompanied the talk.
The consequent discussion contained questions regarding subjective testing procedure, maximum allowable system delay and typical noise levels in different car types. Also frequency content of this noise was discussed.

Session 2: Wideband Coding, Enhancement Technologies
Chaired by Joachim Pomy – Avaya GmbH & Co. KG
Joachim Pomy opened the second session of the workshop focusing on wideband speech encoding and enhancement techniques. 

End to End Wide Band Speech Quality Enhancements 

G. Lecucq, M. Fadili, A. Moulehiawy - Alcatel-Lucent

Abdelkrim Moulehiawy presented a lecture on speech quality enhancement. First, he presented some background on the Alcatel-Lucent VoIP telephony Solutions for Enterprises. Overview of VoIP quality issues encountered from the filed has been provided and troubleshooting aspects have been touched, too. Comprehensive guidance on QoS enhancements foreseen for wideband has been presented.

During the discussion, the following points have been raised: speech enhancement feature implementation in gateways vs in terminals, co-existence of echo cancellers in terminals and networks. The conclusion was sometimes they can complement each other (but not always).

Estimation of Bandwidth Extension Parameters in ITU-T G.729.1

B. Geiser, P. Vary - IND, RWTH Aachen University

Bernd Geiser presented his talk on bandwidth extensions of G.729.1. First, an overview of hierarchic bitstream structure of the coder has been provided, explaining different functions of each data sector. Finally, new wideband modes for G.729.1 at 8 and 12 kbit/s have been presented.
The discussion covered the following issues: non-speech signals at input to the coder, bit rate mismatch situations and delay sources for G.729.1 algorithm.
MPEG Low Delay Audio Codecs

M. Lutzky - Fraunhofer IIS

Manfred Lutzky presented an overview of currently existing advanced versions of MPEG-4 coder, namely low delay (AAC-LD and AAC-ELD) and spatial audio object coding (SAOC) approaches. The main idea of the presentation was both delay and computational efficiency overlap of newer versions of MPEG and ITU-T coders that breaks traditional application fields of both (MPEG for streaming and broadcasting and ITU-T for telephony). Finally, offline but interactive demonstration of teleconferencing system based on MPEG coders has been presented.
The discussion highlighted the following points: Some parts of encoder, e.g. object format are not standardized, availability of info on computational requirements and coder complexity, coder bandwidth for different bit-rates. The lack of standardisation of these codecs seems not to be causing problem itself, but its consequence as there is no certitude that their implementation inside the network elements or terminal will reach an acceptable level of quality. 
At the end of Workshop Day I, a Cocktail sponsored by Opticom, GmbH has been held in the lobby of the ETSI building.
Session III-I: New ETSI Model on Wideband Speech and Noise Transmission Quality

Phase I
Chaired by Vincent Barriac - France Telecom 

Vincent Barriac opened the first session of the second workshop day. He explained both morning sessions would be devoted to presentation of STF 294 results

Phase I, goals and Background

V. Barriac - France Telecom

Vincent Barriac gave in his introductory lecture an overview of the project phases and introduced each speaker for the Phase I session. 

Initial Recordings (based on STF 273)

H. W. Gierlich and S. Poschen - Head Acoustics

Hans Gierlich explained how the initial recordings of background noises have been made based on the STF 273. Different used scenarios (handset, handsfree) and environments (e.g. Car, Road, Crossing, Cafeteria, and Office) have been described. 
The discussion raised comments on other possible scenarios (train station) as well as speaker effects (monotonic/bored vs excited vs Lombard speech). 
Noise Reduction

C. Marro - France Telecom

Vincent Barriac had apologized Claude Marro for his absence and gave the speech on noise reduction techniques on his behalf. General approaches as well as details of selected algorithms (adaptive algorithm, filter sharpness etc.) have been presented. The presentation contained multiple sound examples.
The consequent discussion contained the following aspects: Possible negative effects of noise reduction (distant conversant is not aware about real environment of his/her conversational partner) and comfort noise adding.
IP transmission simulation

I. Ordàs - Telefónica

Isabel Ordàs presented the methodology used for IP network transmission simulation, where delay, delay jitter and packet loss have been varied in predefined ways using NistNet simulator. All together, more than 4000 samples have been finally generated.

The discussion contained comments on selected values of varied parameters. Also the fact the delay itself has no impact on the consequent subjective listening tests result has been mentioned.

Subjective Test Plan

J. Holub – MESAQIN.com
Jan Holub presented the identified criteria for sample selection. The methodology of the subjective tests carried by two independent laboratories on the selected sample subsets (432 samples per language) has been described and also the results have been shortly presented. Identified differences between methodologies and between the results have been mentioned.
The discussion was focused to test and result differences between the laboratories. It was concluded that the P.835-based testing is a complex task and there are many possible sources of result differences. 

Phase I Results

V. Barriac - France Telecom

Vincent Barriac presented the conclusions of Phase I of the project. A large database of speech samples, in two languages, and affected by various background noises, codings, noise reductions and network impairments has been generated. About 10% of this database has been subjectively assessed by ITU-T P.835 method. Shortcomings in P.835 have been found identified and reported. ETSI Guide how to build these databases has been produced, starting with a re-use of STF 273 methodology.
During the discussion, some other possibilities for noise types, noise cancellation strategies, other IP loss patterns, narrow band speech and other possible degrees of freedom have been mentioned. However, this was not the goal of this STF to cover all the possibilities; otherwise, years of recording of several millions of samples would be spent. Rather, care was taken of having a wide coverage of the whole quality range, which is the most important in terms of subjective test planning and objective model validation.
Session III-II: New ETSI Model on Wideband Speech and Noise Transmission Quality

Phase II

Chaired by Hans W. Gierlich - Head Acoustics 

Hans Gierlich opened the second session focused to STF294 result presentations. He explained the following two presentations would describe the objective estimator design, results and their validation.
Algorithm Design and Results

S. Poschen, H. W. Gierlich, F. Kettler, J. Reimes - Head Acoustics

Silvia Poschen explained in her presentation how the algorithm works, using both theoretical models and practical examples (speech samples). The algorithm results on known part of the database have been presented, showing satisfying correlations between subjective and objective data. Maximum estimation errors for all three parameters adopted from P.835 (S-MOS, N-MOS and C-MOS) have been graphically presented in the form of scatter plots.

The consequent discussion contained the following aspects: Relation between N-MOS and S-MOS with P.800 MOS LQS for noise-free conditions, positioning of the developed model versus future P.OLQA and currently available PESQ and TOSQA, possible talker and coder dependency of the developed model, orthogonality of subjectively assessed N-MOS and S-MOS and algorithm applicability for transmissions containing speech enhancement.  
Result Validation 

J. Aguiar - Universidad de Valladolid

Javier Aguiar presented the methodology and results of algorithm validation, performed on remaining validation part of subjective database, previously not known to algorithm designers. It was shown that also for this part of the bilingual database the algorithm performs satisfactorily, both for Czech and French data. 
The discussion covered the questions of subjective result mapping and its variations for different languages and possibility of further validation on completely independent speech database.

Session IV: Quality Estimation and Prediction

Chaired by: Sebastian Moeller – Deutsche Telekom Laboratories
The last session focused to prediction and estimation of wideband speech quality has been opened by Sebastian Moeller.

Subjective and Objective Quality Assessment for Noise Reduced Speech

N. Kitawaki, T. Yamada - University of Tsukuba 

Nobuhiko Kitawaki described the subjective and objective quality assessment for noise-reduced speech from the viewpoints of opinion rating and word intelligibility. The results indicated that the PESQ MOS correlates relatively well with the subjective MOS. The objective test methodology for estimating the word intelligibility from the PESQ MOS has been proposed and its effectiveness has been evaluated.
Dimension Analysis of Wideband-transmitted Speech

M. Wältermann, A. Raake, S. Möller - Deutsche Telekom Laboratories

Marcel Wältermann presented his thesis on dimension analysis of the wide-band speech. For the considered set of speech files 4 speaker-independent dimensions could be identified: continuity, (in-) directness/distance, frequency content/lisping and noisiness. Perceptual dimensions provide a means for defining degradation indicators in standardization process of a new objective quality measure. 
The discussion contained comments about dimensions selection and their orthogonality. 

Predicting Narrow-band and Wideband Speech Quality with WB-PESQ and TOSQA 

N. Côté, V. Gautier-Turbin and S. Möller - France Télécom / Deutsche Telekom Laboratories

Nicolas Côté presented his results of comparison between subjective results and results of WB-PESQ (P.862.2) and wideband version of TOSQA (TOSQA-2001). He concluded WB-PESQ speech quality model has provided better estimations of user's judgments than TOSQA-2001; however, WB-PESQ has problems on several WB conditions. Slight changes result in a better prediction for both models.
Discussion on Future Activities and Trends

Chaired by Jean-Yves Monfort

The discussion was preceded by a short summary of each session, presented by the respective Chairmen. During the brainstorming session that concluded the workshop there were some discussions on the highlights and the most interesting issues that came up during the workshop.

Finally, the main conclusions were:

· The Workshop has a surprisingly high number of attendees and the discussions were exceptionally detailed, topical and interesting

· Wideband speech coding has rich and exciting history, however, not all issues are solved yet

· Multiple extensive subjective quality tests are available

· Existing objective quality evaluation methods work satisfactorily on existing transmission and coding technologies

· Acoustic interface design role in resulting quality is highly underestimated

· Existing approaches are still not perfect and open points exist (network planning: different overload point for different coders)

· Some fundamental questions still need to be answered, e.g. what to be done on terminal side and what on network side for wide-band transmission?

Jean-Yves Monfort thanked to participants and speakers for their attendance and fruitful discussions and to workshop organizers for their work. He also informed workshop participants the presentations would be put on the Workshop web-page and also the Report on the Workshop would be published.
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