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Report of the ITU Workshop on
“Interactions of Voiceband Signal Processing Functions and their End-to-End Coordination”

(Germantown, Maryland, USA, 21 April 2010)
1 Introduction

The International Telecommunication Union (ITU) organized a workshop on “Interactions of Voiceband Signal Processing Functions and their End-to-End Coordination” on 21 April 2010, in Germantown, Maryland, USA. The event was kindly hosted by Texas Instruments.

The programme of the workshop focused on discussion on topics related to signals processing functions in terminals, networks, end-to-end coordination, and implementation aspects.

2 Programme

The workshop hosted six panelists; their contributions are available from the workshop programme webpage at: http://itu.int/ITU-T/worksem/spf/programme.html. At the end of each session, summaries and conclusions were discussed.

3 Opening session

The workshop was opened by Mr Harald Kullmann, WP 1/16 chairman, who welcomed participants and reviewed the background and objectives of the event. Special thanks were expressed to Mr Warren Karapetian for his assistance in organizing the event, and to Texas Instruments for hosting the workshop.
4 Session 1

Session 1 aimed at covering the topics related to Speech Quality in modern Network-Terminal Configurations. The speaker was Mr Hans Gierlich (HEAD acoustics, Germany).

Summary/Conclusions for Session 1

· Potential problems in a connection may occur due to tandemed signal processing in terminals and networks

· Quality evaluation needs to involve all components of a connection and their interaction

· Currently no signalling is provided between terminals and networks for information exchange about signal processing active in the different devices

· Related work:

· G.799.2 (ex G.mdcspne); establish the best arbitration among Network Signal Processing Equipments and terminal signal Network - Terminal processing

· Q.115.x sub series; logic and protocols for the control of signal processing network elements and functions may potentially be enhanced to support this capability

Questions and comments for Session 1

What Recommendation deals with simulation and generation of background noise in the automobiles for testing Hands free mobile terminals?

What current standard(s) deals with the terminal to network tandeming issues?

Why the mobile terminal capabilities are not communicated to the intermediate network elements such as Gateways to facilitate a better end to end configurations for a given traffic type?

It seems an assumption was made in the E-model figures reported in the presentation, that the signal levels are set appropriately throughout the network for the reported MOS figures. However, further degradation may results if the incorrect levels are also included in the figures.

Should the most of the processing is handled by the terminal side or the network side? Consensuses were mixed. 

For customer locations with PSTN connected to Integrated Access Devices of packet networks, echo cancellers are necessary.

The end terminal has a better knowledge of the acoustic environment and hence it is most suitable to take care of the related issues. Generally, everyone seems to agree, but the cost of manufacturing end terminal maybe the main prohibitive factor.

There is a need for the end terminal (and wireless terminals) capabilities to be communicated to the network devices through some protocol (examples of RTCP XR protocol were suggested and further information may be obtained from RFC3611).

Terminals may be a dynamic combination of a subsystem, and it may change its characteristics on the fly even in the middle of ongoing call. (Example: a mobile unit may change its characteristics as the user approaches his vehicle and plugs the unit into a cars wireless system while the call is in progress).

Who in the network is responsible to decides on the dynamic configurations of a subsystem? (Later discussed as the rules of engagement in Session 2 and 5).

5 Session 2

Session 2 aimed at covering the topics related to definition and coordination of Signal Processing Functions for telephone connections involving automotive speakerphones. The presenter was Mr Scott Pennock (QNX).

Summary & Conclusions for Session 2

· SPFs are essential for user acceptance of telephone connections involving automotive speakerphones

· Where SPFs are placed along the telephone connection is important to their effectiveness

· Running SPFs in tandem can degrade performance

· It is important to coordinate the operation and standardization of intercommunication between various SPFs along the connection 
Questions and comments for Session 2

High Frequency (HF) encoding as shown in this presentation functions more like a pre-emphasis rather than regeneration of the actual HF contents.

Equalization (EQ) block works as a traditional equalizer to improve the low frequency responses and further compensate for the possible acoustic transducer deficiencies of the microphone or the speaker.

Microphone array processing (MAP) functions in conjunction with noise reduction (NR) block performance. NR is a required processing block independent of the MAP functions. Many of the functions shown may be intertwined and there are some overlapping functional areas that are implementation-dependent.

Order of the Limiter (LM) and automatic level control (ALC). “Limiter” is traditionally understood as a soft clipping level limiter. In this application it actually acts more like a device described as Automatic Level Enhancement (see G.169). Other names such as Volumizer or Intelligent Loudness Control could be also used.

6 Session 3

Session 3 aimed at covering the topics related to using subsystem performance parameters to optimize end-to-end performance. Mr Scott Pennock (QNX) was also the speaker for this session.

Summary & conclusions for Session 3
· G.799.2 (2009) has limited ability to optimize End-to-end performance

· End-to-end performance can be further optimized by:

· Expanding the list of devices considered SPE to include:

· Acoustic interfaces

· Transport equipment

· Measurement devices

· Adding subsystem performance parameters, or QoS levels, to the information exchanged between SPE

· Terminal equipment is no longer “static”; it is dynamic with different subsystems interoperating

· There is still much work to be done to identify the validate subsystem performance parameters

· However, this should not prevent designing the information exchange between SPEs so that when performance parameters become available, there is a mechanism for utilizing them

Questions and comments for Session 3

Can examples of speech enhancement layer interactions be provided with a specific codec (EVRC) based on the noise level?

What type of parameters should be transmitted through the SPE interface?

Network block diagrams are overlapping between the short range wireless and mobile network wireless interfaces. There are six layers of networks encoding and decoding process.

More information on the send frequency response is necessary, since at one time it was presented as a way to differentiate whether a call is narrowband or wideband and later was represented as the actual frequency response of the acoustic transducer.

Questions regarding additional methods required to detect network handover rather than only relying on proximity for a mobile terminal. Example was provide that the user may be in the middle of a call while approaching an automobile, but instead of entering the car, it leans on the car and the wireless network handover will switch the audio to the car subsystem. So, there should be other means of passenger detection (seat switch, etc.) as an added qualifier for the handover process.

Suggestions that instead of exchange of the QoS type (e.g. Type 1, 2, 3, etc.), perhaps it would be more useful to communicate to the terminal the actual parameters along with their operational range/configured ranges.

Should the number of vehicle occupants be communicated to the hands-free terminal? This is because the acoustic impedance of the car and the reverberation characteristics significantly changes due to car cabin occupancy and its cabin volume change.

Should hands-free terminals make a constant adjustment and adaptation of the AEC by means of using programme material (from radio, etc.) and the environmental noise while idle as a way to deliver better performance when an actual call is established?

Speaker volume changes for an incoming call after the call establishment was discussed. Examples of muting or lowering the speaker level for the ongoing music levels, or switching the music signal to the rear speakers and using the front speakers for the hands free mobile operations were also discussed.

Should we develop an entirely new codec that is more suitable for the SPF inter-communications throughout the network elements to improve the end to end speech quality and avoid tandeming issues? Additional subjects regarding the suitability of a particular codec for link error performance related issues were discussed.

A suggestion was made on the use of QoS speech snippets captured from the actual ongoing conversation during the speech active segments and on sending back the same snippets from the destination side back to the origination side for background QoS measurements. Since this is not on a continuous basis and only small segments of the conversation are used, the processing and network bandwidth overhead may not be prohibitive and result in a built-in, continuous monitoring of the channel quality and hence fine tuning the performance of the network SPFs.

There is also a possibility of an independent network server can be designed that intercepts the ongoing voice traffic snippets and instructs the network SPF (in a supervisory level) to dynamically optimize their configuration for optimum end to end voice performance.

7 Session 4

Session 4 aimed at covering the topics related to interaction aspects of voiceband signal processing with the focus on voiceband data modems and network echo cancellers. The speaker was Mr Bob Reeves (BT Innovate & Design, UK), who presented remotely.
Summary & Conclusions for Session 4
· Problems encountered with two different types of low speed data modems and their interaction with network echo cancellers:

· V.23 telemetry modems used by the UK Water Industry to monitor lakes, reservoirs and inland waterways

· V.22 bis modems used in Automatic Teller Machines (ATMs) and Electronic Point of Sale (EPOS) terminals

· Both of these problems are caused by the echo canceller’s Non-Linear Processor (NLP)

· Some echo cancellers do not exhibit the problem so it is possible to design an NLP that does not interfere with these modems

· Echo Canceller designers are encouraged to follow the guidance in ITU-T Recommendations for NLP design, especially G.168 Annex B and the target timings given in Tables B1 and B2

Questions and comments for Session 4

Is it certain that Comfort Noise Generation CNG is not causing the problem? Response was that although the comfort noise generator and NLP are very closely coupled, analysis of the V.23 waveforms shows evidence of signal truncation which implies a timing issue related to deactivation of the NLP.
Indicated that there are various signs of 60 Hz hum noise in the spectrograph figures for the V.23 case and also various evidence of the cross modulation present throughout the recordings (presented in purple color for high frequencies).

The speaker responded that with the NLP deactivated, calls were successful, even with the evidence of many spectral impurities in the recorded sample.

After reviewing ITU-T Rec. G.168 Annex B regarding the NLP operation, it was clear that the specification in the Recommendation is correct and that the problems observed are implementation-related, so the issue should be raised with the manufacturer to try to rectify the situation.

8 Session 5

Session 5 aimed at covering the topics related to Recommendations G.799.1 and G.799.2. The presenter was Mr Dominic Ho (Ericsson).

Summary & Conclusions for Session 5

· ITU-T Recommendation G.799.2 has been approved in 12/2009

· G.799.2 contains the framework and mechanism for dynamic coordination of SPF

· Development of protocols to implement G.799.2 will be in separate ITU-T Recommendations

· SG 16 requested SG 11 and some SDOs for guidance on the available protocols, especially for wireless links

Questions and comments for Session 5

The subjects of “SPF Rules of Engagement” were questioned. If a given SPF implementation has a better performance on the network side and the terminal also has the same SPF function with less performance, but SPF is preferred to be closest to the terminal, do the rules of engagement dictate that the terminal SPF with lower performance is selected instead of the network SPF?

It was noted that the SPF attribute must be well defined by the standards so the proper level of QoS for a given SPF is determined by the network elements.

Suggested a correction in the slides that the ALC and ALE should function in tandem rather than ALE is disabled because the previous SPF has an ALC feature.

There should be a secondary level of communication between SPF elements where each SPF actually reports its capabilities as well as its current operational configurations. This would allow the use of most appropriate SPF in a given network.

What happens to the “SPF Rules of Engagement” throughout a conference call where we have different SPF configurations in various paths in the system facing different network ends?

It was stated that most network-related issues are fundamentally related to improper signal levels for a given supported traffic. A rudimentary SPF is required that will initiate an end-to-end level alignment that is suitable for the traffic type (at the start of the call establishment) to avoid the majority of network-related issues.

Wishes to set a clear and sound vision for the SPF related ITU-T work and hopes that we can build a foundation in which further work may be developed rather than being stifled in its infancy, while we are struggling with some of the challenges that it may be present to the current network topologies.

9 Closing and next steps

The chairman concluded the workshop noting that the excellent presentations and the discussions they ensued will be helpful for developing further work in WP 1/16, already starting at the upcoming SG 16 meeting in Geneva, 19-30 July 2010. Questions and comments put by the participants highlighted topics that need further studies but also more technical information were requested also with the aim to ensure a further development of standards. Further evaluations of summaries, conclusions, questions, and comments will follow at the next SG16 meeting.

The chairman thanked the presenters and participants for their contributions, Mr Karapetian, and his staff for the excellent support for the meeting, and Texas Instruments for providing an excellent venue for the event. He also thanked TSB for its assistance in the logistics for the organization of the workshop.
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