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PART II - MANAGEMENT OVERVIEW

DOCUMENT CONTROL

Version Date of Version Comments

0.1 04.11.2003 First draft of deliverable structure

0.5 21.12.2003 All components of document integrated

1.0 31.12.2003 Final version reviewed

EXECUTIVE SUMMARY

This document describes the public results of the LISTEN project. Special attention is given to the description
of the public demonstrators and their evaluation. The document presents the results on a general level. Details
can be found in the other project deliverables, a list of which is included in the document (see Table 1 in Section
5.1). Results not originally planned in the project (production of additional public demonstrator “Macke Labor”)
are documented in this deliverable.

SCOPE STATEMENT

The purpose of this document is to inform interested parties about the results of the project in a way which
allows to use the project results as input to further research, development, and exploitation activities.
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PART III - DELIVERABLE CONTENT

LISTEN FINAL REPORT

1 INTRODUCTION

The LISTEN project has created a new medium: the immersive audio-augmented environment. The project was
driven by the utopian artistic vision of freely composing interrelationships between sound, body, and space.
Formalized as a research and development project, LISTEN developed the concepts and technology necessary to
approach this vision. As main results the project produced three audio-augmented reality reference applications
in such diverse areas as media art (“Raumfaltung”), museum pedagogy (“Macke Labor”), and product
marketing (“Listen2Mini”). These real-world applications have been demonstrated and evaluated in public
exhibitions at Kunstmuseum Bonn during several months in 2003 as well as on international fairs in Munich and
Stockholm in 2002 and 2003. On an international scale, LISTEN has produced the first complete realization of a
large-scale audio-augmented reality system for in-door application. Thousands of visitors have experienced and
tested the new medium through public demonstrators.

1.1 Objectives

The objectives of the LISTEN project have been defined in an annex to the contract between the European
Commission and the project consortium (Annex 1 – “Description of Work,” updated version, December 2001).
The structure of this report is based on the objectives defined in the “Description of Work” (DoW). The three
main objectives were:

• Define a new multi-sensory form of content: the immersive audio-augmented environment.

• Develop the knowledge and technology to produce and experience this new type of content.

• Validate immersive audio-augmented environments in real-world applications.

The results related to the first main objective are presented in a chapter about the LISTEN concept (section 2 –
Concept), which includes a definition of immersive audio-augmented environments (IAAE), a description of the
architecture of the system developed in the project and required to produce IAAEs, and a survey of possible
applications of IAAEs, some of which have been explored in the context of the project.

The results produced with respect to the second main objective are discussed in a chapter about the LISTEN
implementation (section 3 – Implementation), which is divided into the different research and development
areas of the project. The sequence of the sections reflects the basic functionality of the LISTEN system, which
starts with tracking the heads of the users. In the modelling section, the world and the user models are described
which define what the users will hear depending on the tracking data. The authoring tools needed to produce
IAAEs are described in an extra section. Based on the tracking data evaluated in the world and user models, the
sound rendering process is controlled by these models and creates a binaural signal to be sent to the wireless
headphones and to be perceived by the immersed users.

The results achieved with the validation of the LISTEN concept, which formed the third main objective, are
presented in the next chapter (section 4 – Validation). The two main measures of validation were the
presentation and discussion of the LISTEN concept in the context of 3 expert workshops and the production of
several internal and public demonstrators. Furthermore, evaluation sections are present in all chapters of the
report where project results have been evaluated informally or formally.

An extra chapter has been added to present the various dissemination measures of the project (section 5 –
Dissemination). This includes an overview of the deliverables defined in the DoW and produced by the project,
a list of publications about project results, a section presenting the media coverage of the project activities and a
description of the LISTEN documentation DVD, which contains video material illustrating selected project
results.



Deliverable: D1                            Final Report                                Version: 1.0                             Date of version: 31.12.2003

LISTEN  IST-1999-20646 7

1.2 Results

1.2.1 Planned results

As documented in detail in the remainder of this report, the LISTEN project has met all its main objectives
defined in the DoW. With a few exceptions, the project deliverables have been produced in time and the project
has been completed by the end of 2003 according to the workplan defined in the DoW. As documented by the
results of the two intermediate project reviews, the quality of the deliverables was generally considered very
high so far. A list of all deliverables can be found in section 5.1.

1.2.2 Additional results

In addition to the objectives defined in the DoW, the project produced additional results, which have been
defined as extensions to the original workplan. According to the consortium and the project officers, the
additional objectives were considered to be in line with the main objectives of the project.

The changes to the workplan were necessary to react to results gained in the course of the project (e.g. the
complexity of authoring process) and to integrate technological developments taking place outside of the project
(e.g. an alternative tracking system). Another rationale for the workplan changes was to improve the
dissemination of the project results. This led to the production of a total of three public demonstrators.

Project resources had to be reallocated to produce the additional results. In a few cases compromises had to be
made with respect to the original workplan and some sub-objectives were given less attention (user modelling,
sound pickup system, integration of authoring tools). In exchange, the project produced two extra public
demonstrators. Only one public demonstrator was planned originally in the artistic application domain
(“Raumfaltung”). This demonstrator has been presented successfully for a period of 10 weeks, which allowed
more than 4300 visitors to experience the LISTEN system. In addition, a demonstrator in the application domain
of museum pedagogy (“Macke Labor”) has been presented successfully for a period of 6 weeks and has been
tested by 1600 visitors. A third public demonstrator in the application domain of marketing (“Listen2Mini”) has
been presented very successfully at two international fairs of the automotive industry.

Another extension of the workplan was the development of a 2D authoring tool (“ListenSpace”) complementing
the 3D authoring tool planned in the original workplan. Due to the complexity of the authoring process
experienced in the design and implementation phase of the LISTEN system, several approaches towards the
particular authoring problem posed by IAAEs have been tested. Due to the complexity of the problem, which
has not been anticipated in the DoW, a complete integration of all LISTEN authoring and user modelling
components could not be carried out in the context of the project. Such integration, as desirable as it may be,
was not part of the original workplan.

2 CONCEPT

2.1 Definition

The LISTEN project has been funded by the European Commission’s IST Programme in the context of Key
Action III, “Multimedia Content and Tools,” action line III.5.1 – “Multi-sensory Forms of Content.” LISTEN
defined a new form of multi-sensory content: the immersive audio-augmented environment (IAAE).

Throughout the project it turned out that, what LISTEN has defined and developed could be understood as a
new type of communication medium, as it proposes a new and unique way of relating body, sound, and space.
Another reason why the consortium adopted the idea of thinking about the IAAE simply as a new medium was
the fact that using a term like “immersive audio-augmented environment” in public communication turned out to
be too cumbersome. This is why also in this report we use the terms IAAE and LISTEN-medium as synonyms.

As already mentioned, the key characteristic of the LISTEN-medium is its way of relating body, sound, and
space. With LISTEN, a person wearing a wireless motion-tracked headphone is immersed in a virtual auditory
environment, which augments the real environment the person explores through locomotion. Although LISTEN
does not define how the real environment is augmented, one of the driving forces of the project was to make the
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headphones “transparent” in the sense that the user would not be aware of exploring two environments at the
same time (the physical one and the virtual auditory one). Using techniques of binaural auditory rendering and
room acoustic simulation, a virtual auditory scene can be synthesized, which seamlessly augments the real space
in the sense that it provides perceptually plausible cues related to the objects existing in the real space (e.g. by
rendering virtual sound sources in an acoustic environment which shares the acoustic signature with the real
environment or by positioning virtual sound sources at locations coinciding with objects in the real space). In
order to relate the synthetic virtual auditory environment to the real space, the position and orientation of the
user’s head needs to be known (so, actually, the only part of the body that is taken into account is the head, but,
as the head is transported and positioned in space by the rest of the body, we speak of a new relationship
between body, sound, and space).

A possible working definition of an IAAE is: a multi-sensory form of content which augments real (mainly
visual) content with virtual auditory content where the form of augmentation may range from “realistic” to
“abstract.” The former would reflect the real room acoustic situation and create perceptually plausible cues
whereas the latter could create situations, which are perceptually implausible (with respect to our experience in
real acoustic situations) but consistent with respect to the physical space. An example for such a more “abstract”
way of relating the virtual soundscape with the real space could be invisible spatial zones, which are
characterized by different room acoustic signatures, which, in a physical environment, are hard or impossible to
produce. A typical LISTEN application would combine “realistic” and “abstract” elements of augmentation for
forming the right mix needed for the particular use of the IAAE.

2.2 Architecture

This section outlines the architecture of the LISTEN system, which is the basis of produced and presented
IAAEs. The constituent components of a LISTEN system are (see also Figure 1):

• A tracking system acquiring wirelessly the position and orientation of the user’s head at the required
rate (more than 30 times a second) and with the required precision (around a centimetre for the position
and a few degrees for the orientation)

• A modelling component. It contains a world model (i.e. a model of the real environment), which is
used to localize the user in the real and virtual environment, i.e. interpret his or her movement with
respect to the modelled real or virtual objects of interest (e.g. user entered a zone, looks at an object,
etc.). This component may be extended by a user model, which interprets the user’s behaviour with
respect to various criteria and eventually data acquired from visits of other users. The modelling
component also contains a presentation component, which defines the objects of the virtual soundscape
and their relationships and controls the audio rendering component.

• An audio rendering component, which synthesizes the virtual auditory environment using binaural
rendering and room simulation techniques. The rendering component is controlled by the presentation
component and produces the stereo signal the LISTEN users will receive through wireless headphones.

• A wireless headphone system, which is integrated with the tracking system (typically includes a
tracking emitter or target – depending on the type of tracking system used).

Figure 1: Overall system architecture
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2.3 Applications

IAAE can be used in a wide range of different applications. In the context of the LISTEN project, only three
different types have been explored (media art, museum pedagogy, product marketing). With the installation
“Raumfaltung,” LISTEN has been used in the artistic domain, where it has been proven to be a very powerful
tool for exploring new ways of combining different artistic disciplines. In the case of “Raumfaltung” these
included visual arts, music, and literature. In the context of LISTEN, media art installations are also an
important field of experimentation to explore new ways of producing and presenting various types of multi-
sensory content. Once invented and explored in the artistic domain, they can be adapted to other application
domains such as entertainment, pedagogy, or marketing. With the environment “Macke Labor,” LISTEN has
been used as a tool for museum pedagogy. The “Listen2Mini” demonstrator explored a possibility to use
LISTEN for product marketing. In this case a new car has been presented with LISTEN at fairs. This idea could
be generalized and LISTEN environments could be used in show rooms to inform potential customers about
products in an engaging and entertaining way.

3 IMPLEMENTATION

3.1 Tracking

A tracking system was designed to support the LISTEN environment for eight users. The position and the
direction of the users view were derived with a suitable resolution at high update rates. The hardware of the
tracking demonstrator (“Raumfaltung,” c.f. section 4.2) was designed, implemented and tested.

3.1.1 Objectives

The tracking system was designed for eight users for a virtual reality situation. Each user’s headset is equipped
with a tracking unit. The tracking unit derives the users position with accuracy down to the centimetre range.
The tracking unit is low weight and transmits power-efficient signals. The tracking access rate is up to 30 Hz.
The tracking system is deployed for an in-door environment, which is a dense multipath environment.

3.1.2 Concept

The system is based on using short RF-burst signals for tracking. Transmission of short pulses is a smart
technique to mitigate the indoor multipath problem. The use of RF-burst signals offers the opportunity to
resolve the dense in-door multipath propagation combined with high ranging accuracy. The centre frequency of
the RF-signal transmitted is about 11.7 GHz. Utilizing this frequency range, a single room can be considered as
isolated, which gives the possibility to achieve signal to interference ratios (SIR) of 20 dB without excessive
correlative signal processing. The radio tracking system envisaged comprises transmitter/receiver units on the
one hand as well as a central signal processing/post data processing unit on the other hand. With regard to multi-
user capability (i.e. multiple persons, who’s localization will be determined), low power and low weight
requirements at the user’s headset, a design was selected where the user is carrying the wireless navigation
transmitter in contrast to concepts where the object to be tracked is receiving information. The navigation signal
transmitted from the user’s headset is received by navigation receivers. The navigation receivers consist of
receiver frontends and tracking receivers. The receiver frontends are spread through the serving area in a
favourable geometry at precisely known locations. The synchronization unit (SU) controls the tracking system
using information from the central signal processing unit (CSP), a reference transmitter, and a 433 MHz link to
trigger the navigation transmitters. The central signal processing unit collects the data accumulated by the
tracking receivers and calculates the absolute position (x, y, z) and the orientation (azimuth, ) of each
navigation transmitter. The position is found by geometric triangulation based on the relative time-of-arrival
(TOA) differences between the receivers. For the measurement of orientation, each navigation transmitter is
equipped with two RF-transmitter units (antennas) arranged in a defined distance to each other.
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Figure 2: Components of the tracking system

For determining the position in x, y, z coordinates and the orientation angle , at least four tracking receivers
with receiver frontends with direct line-of-sight contact to the navigation transmitters are required. In order to
gain accuracy and reliable operation, more tracking receivers will be finally deployed from which the system
automatically selects the most favourable. The non-line-of-sight links as well as interfering multipath signals are
discarded by plausibility checks concerning the receiving RF-level (signal quality) and the localization itself.
Again, for proper operation, the assumption must be true that in any situation at least four line-of-sight links are
available.

Figure 3: Overview of the tracking system
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The tracking system consists of 8 navigation transmitters and 8 tracking receivers (RX) with 4 receiver frontend
units each. For a proper operation the system uses 8 reference transmitters and 2 transmission antennas for the
433 MHz synchronization link. The 8 tracking receivers exchange data with the central signal processing unit
via 2 CAN bus interfaces. Additionally each tracking receiver is connected with the synchronization unit (SU).
The navigation transmitters consist of 2 RF transmitter modules and a 433 MHz receiver module for
synchronization.

The system is based on using short RF-burst signals for tracking. Transmission of short pulses is a smart
technique to mitigate the indoor multipath problem. The use of RF-burst signals offers the opportunity to
resolve the dense in-door multipath propagation combined with high ranging accuracy. The centre frequency of
the RF-signal transmitted is about 11.7 GHz. Utilizing this frequency range a single room can be considered as
isolated which gives the possibility to achieve signal to interference ratios (SIR) of 20 dB without excessive
correlative signal processing. The tracking system can be separated into the navigation transmitter (TX), the
tracking receiver (RX) with the receiver frontend, the synchronization unit (SU) and the central signal
processing (CSP) unit. These parts are discussed in the next sections.

3.1.2.1 Navigation Transmitter

The navigation transmitter, mounted on the user’s headset, enables the system to determine the user’s position
(x,y,z) and orientation ( ). The orientation is measured by using the position of two antennas mounted on top of
two RF-transmitter modules.

The short RF-burst signal is generated by a pulsed oscillator. The pulse is transmitted first via the left RF-
transmitter module in order to determine the position of the left hand antenna. Then the transmission is
continued via the right hand RF-transmitter module allowing the system to calculate the position of the right
hand antenna. The timing is controlled by a microprocessor, which is remotely triggered from the
synchronization module using a 433 MHz radio link. Due to the wide bandwidth used (10.7 to 12.75 GHz) a lot
of noise is collected at the receiver frontend. Consequently it is essential to have efficient RF-transmitter
modules, which, on the contrary, should be as small as possible in order to be wearable on the head. Also, they
shall not show any kind of angle dependent dispersion in the time domain waveform. /4 dipole antennas are
used.

3.1.2.2 Reference Transmitter

For calibration reasons, at least one reference transmitter has to be placed at a known position in the coverage
area of the receiver frontends. This allows eliminating the influence of cable lengths, production variances and
temperature drifts.

3.1.2.3 Receiver Frontend

The separate receiver frontend performs filtering, amplification and demodulation tasks. In order to estimate the
signal’s relative TOA of the direct path links, we use the first arriving pulse. The use of this concept means that
multipath propagation is resolvable down to path differential delays on the order of the rise time of the
demodulated burst. The antenna is integrated into the housing, which allows the implementation of the receiver
frontend to be small and compact. After the first amplification (LNA) the signal passes a band-pass filter (BPF)
in order to mitigate strong signals radiated from local interferers. This avoids overdriving the second amplifier
stage. Both states are additionally equipped with a gain control capability. After the second LNA, the signal’s
envelope is demodulated and routed to the time-to-digital conversion unit.

3.1.2.4 Tracking Receiver

The time-to-digital conversion unit comprises a time-to-digital converter (TDC) and a microprocessor unit with
controller area network (CAN) interface. After “sampling” the demodulated signal with the TDC, the micro
processor performs averaging and post data processing in order to minimize noise variation produced by the
radio channel (external) as well as the active elements (LNAs, TDCs) and the oscillator itself. To avoid that, the
demodulator is dealing with high dynamic range the microprocessor performs gain control (GC) of the amplifier
stages simultaneously for each tracking receiver. When checking the quality of the signal received, further basic
plausibility checks are performed by the microprocessor for selecting only the receivers actually having a line of
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sight link. Synchronization of the TDC and the microprocessor is performed with the synchronization unit. The
calculated data representing the time between the synchronization impulse and the absolute TOA of each
headset is handed to the central signal processing unit via the CAN-bus for calculation of the absolute position
and orientation.

3.1.2.5 Synchronization Unit

In order to measure the relative time-of-arrival differences between the receivers, the TDCs and the
microprocessors of all time-to-digital conversion units need to be synchronized. This is established via
connecting all time-to-digital conversion units to a reference signal generated by the synchronization unit.
Furthermore, this module remotely triggers the navigation transmitters in order to assign an unambiguous time
slot (time-slicing) to each individual navigation transmitter. To perform that task, standard 433 MHz radio
modules are used for this link.

3.1.2.6 Central Processing Unit

The major task of the central signal processing unit is to calculate the absolute position (x,y,z) of each
navigation transmitter antenna. This is performed by geometric triangulation based on the relative time-of-
arrival (TOA) differences between the receivers. Furthermore, the orientation angle  is calculated using the
position information of the transmitter’s left hand and right hand antenna. In order to gain accuracy and reliable
operation additional post data processing is performed by the CSP. This task comprises the implementation of
several plausibility checks applied on the measurement results as well as signal matched filtering. A Kalman
filter is used for decreasing fluctuations due to noise and/or external interference.

3.1.3 Implementation Constraints

As mentioned above, for proper operation the assumption must be satisfied that in any situation at least four
line-of sight links for both headset antennas are available. At system start up, when the position of the user is not
known, a search algorithm is used to determine the approximate position of the navigation transmitter. From that
time on, the system knows the most favourable receiver frontend antennas for calculating the navigation
transmitter antenna’s position. The position of both navigation transmitter antennas will be calculated using the
same receiver frontend antennas if possible. In case one of the line-of-sight links fails and/or short multipath
interference occurs, permanently performed plausibility checks will detect this situation and the system will
assign other antennas to calculate the user’s position and direction.

In case the receiving antennas are located in the corners of a room’s ceiling it is necessary to avoid small
differential multipath delays caused by wall reflections near the antenna. Consequently, it is necessary to use
receiver frontend antennas with small beam shaping even if more antennas are required to cover the whole room
(support area). For accuracy reasons, it is necessary to assume that the headset is worn in upright position. Due
to RF-signal pulse and consequently TOA distortions, caused when penetrating walls, the operation is restricted
to one room.

3.1.4 Multi-User Support and Timing Constraints

The maximum repetition rate for the RF bursts depends on the time duration when echoes need to be considered
(i.e. relevant echoes need to be suppressed) and the time duration the signal processor needs for checking and
averaging the time stamps. The overall sampling frequency is determined by timing constraints of the signal
processors and the time needed by the CSP for signal processing and position calculation. The final tracking
system repeats the RF pulses every 5 microseconds and accumulates 500 pulses for averaging purposes.
Concerning multiple user tracking we currently trigger all headsets via a common radio link and each headset
responds with an individual delay of 0, 1 or 2 time slots corresponding to its identification number.
Consequently, no collision occurs and the system corresponds to the collision avoidance philosophy of multi
user systems.
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3.1.5 Implementation

3.1.5.1 Navigation Transmitter

A detailed block diagram of the navigation transmitter, which is mounted on the user’s headset, is sketched in
Figure 4.

Figure 4:Functions of the navigation transmitter

The navigation transmitter consists of the right and left RF-transmitter modules, antennas, a microprocessor, and
a 433 MHz receiver. Each RF transmitter module with the antenna is covered with a black foam jacket for safety
reasons and to style the navigation transmitter. The tracking receiver was boxed in a black housing. The two RF-
transmitter modules with the antennas are connected to the tracking transmitter and a red status-LED on the
right side (top view) indicates that the tracking transmitter receives synchronization data from the
synchronization unit via the transmitter.

 

Figure 5: Navigation transmitter

Figure 6 shows the integration of the tracking system in the headset:

Figure 6: Navigation transmitter integrated in the headset

tracking-
transmitter

Left and right RF-
transmitter modules
with antennas
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3.1.5.2 Receiver Frontend Unit

A detailed block diagram of the navigation receiver frontend unit is sketched in Figure 7:

Gain-
control

Bias-
control

BPFLNA LNA Demod.

Receiver Frontend

to
Tracking
Receiver

Figure 7: Receiver frontend unit

In order to mitigate strong signals radiated from local radio stations at frequency ranges out of our interest, a
strip-line coupled band-pass filter (BPF) is used after the first amplification (LNA).

3.1.5.3 Tracking Receiver

The tracking receiver comprises the receiver frontend unit and the time-to-digital (TDC) conversion unit.

Figure 8: Tracking receiver

The navigation receiver includes the switching matrix (SW) the final tracking receiver. From the front-panel it
could be easily derived that the switching matrix supports four receiver frontends.

Figure 9: Tracking receiver (front-panel)
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3.1.5.4 Synchronization Unit

The synchronization unit consists of the synchronisation module and an array of connectors to send the timing
information. The 433 MHz radio module is off-the-shelf available hardware.

µP

433 MHz

Synchronizatio
UnitOsc.

Reference

Figure 10: Synchronisation module

The front-panel of the final synchronisation unit is shown in Figure 11. The lower left D-connector is necessary
for the connection with the central signal processing unit. The RJ45 connectors are for the tracking receivers
(with spares). The upper left two SMA-connectors are for the 433 MHz signals (transmitting antennas).

Figure 11: Synchronisation unit (front-panel)

The eight connectors in the upper row are the connectors for the reference transmitters. The lower row contains
connectors for test signals (Figure 12).

Figure 12: Synchronisation unit (rear-panel)
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3.1.6 Installation

The equipment of the tracking system and therefore the produced hardware in the LISTEN project shows the
next figure. That equipment was installed at the KMB for a ten-week test period.

Figure 13: Components of the tracking system

Figure 14: Installed tracking system

3.1.7 Evaluation

The performance of the tracking system was measured with the accuracy of the position and the orientation
angle as well as the system delay time. The range error was less then three centimetres in each dimension for
more than 90 percent of the time. The orientation angle was less than plus/minus five degree for more than 90
percent of the time.
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Figure 15: Typical track for one user (top view)

In the graphic of the track for one user (Figure 15) the red and the blue lines are the positions of the left and
right antennas. The dynamic behaviour of the tracking system was evaluated with the mean time delay. The
mean time delay was measured to 4.3 ms. The reliability of the tracking system was proven during the ten-week
test period at the KMB. During the ten-week period of operation the tracking system worked without any failure
or interruption. All the components of the tracking system have proven their reliability in functionality and
stability.

3.1.8 Conclusion

The tracking system has proven its suitability for the LISTEN application and its reliability during the ten-week
evaluation period. It has supported eight users in a large room at the KMB. The position and the direction of
view was derived with a low delay and delivered to the LISTEN environment. The tracking system was in
operation during the ten-week test period without any interruption.

3.2 Modelling

3.2.1 World modelling

According to the requirements defined in the first version of this document (deliverable D2.1, section 1.6), an
object-oriented specification of the objects describing LISTEN world models has been developed and is
presented in the following sections. Described are only the objects the LISTEN application programmer will
have to deal with. Underlying system classes implemented in C++ are not documented here. The classes
described are considered to be abstract classes, providing the basic interfaces to build up a LISTEN application.
Concrete derived classes depending on the type of LISTEN application will be implemented on demand.

A LISTEN world model is defined as a script file for the Avango VR-System. This script represents the central
LISTEN application document where all system components and their relations are specified. The author of a
LISTEN application will use the Avango scripting language (Scheme and its object oriented extension OOPS) to
define the world model, typically using existing template world models.

The world model will reference information shared with other LISTEN software components (e.g. ListenSpace)
via XML files. This shared information can either be defined in the world model or may be generated and edited
with the ListenSpace tool. The world model will be able to read and write these XML-encoded data files
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through a specialised database object. XML Schemata will be defined for the different shared data types and
document structures.

The classes described here are named in a uniform way. Names are lower-case, start with “l-“ and end with “-
class.” This convention has been adopted since OOPS automatically binds classes to global variables named
after the class. OOPS doesn’t provide a package system or any other namespace management feature. Thus the
global variable names have to follow a clear naming scheme to avoid name clashes.

The world model classes are described in the sequence in which they appear in a typical LISTEN script. A
LISTEN script consists of at least one instance of the following classes:

• l-data-base-class (interface to XML files, e.g. ListenSpace files)

• l-site-class (representations of the LISTEN site, i.e. the building)

• l-set-class (representations of the LISTEN set, e.g. the exhibition objects)

• l-sound-server-class (an interface object to the rendering component)

• l-listener-class (an interface object to the display component)

• l-environment-class (e.g. representations of virtual audio objects and their logic …)

Instances of these classes are referred to as top-level objects. Typically, they will be defined as global variables
in the LISTEN script. A script may contain as many instances of these objects as useful. The l-environment
object is special in the sense that it always refers to exactly one instance of the other objects. These other objects
are referred to as resource objects.

As an example for a simple LISTEN application script file consider the following code:

(define l-site (make-instance l-site-class
                              (_name 'example-site)
                              (_filename "geometry/museum.flt")))

(define l-set (make-instance l-set-class
                             (_name 'example-set)
                             (_filename "geometry/exhibition.flt")))

(define l-data-base (make-instance l-data-base-class
        (_name 'example-data-base)
        (_instance-def-file "example-db-def.scm")))

(define l-sound-server (make-instance l-sound-server-class
           (_name 'example-sound-server)
           (_channels (list 1 2))))

(define l-listener (make-instance l-listener-class
       (_name 'example-listener)
       (_sound-server l-sound-server)))

(define l-environment (make-instance l-environment-class
                                     (_name 'example-environment)
                                     (_site l-site)
                                     (_set l-set)
                                     (_listener l-listener)
                                     (_sound-server l-sound-server)
                                     (_data-base l-data-base)
                                     (_instance-def-file "example-env-def.scm")))

Code example 1: The skeleton of a LISTEN script

A resource object may be shared by several l-environments. This allows sharing for instance l-sites and l-sets
between l-environments or serving several users in one application by instantiating several l-environments and l-
listeners, eventually sharing a single l-sound-server and an l-data-base. See Figure 16 for an example of resource
object sharing.
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l-environment-1 l-environment-2

l-site l-set l-data-base

l-listener-1 l-listener-2l-sound-server-1 l-sound-server-2

ListenSoundServer

Figure 16: An example of sharing resource objects

3.2.1.1 l-data-base-class

The l-data-base-object holds all information that is shared among LISTEN system components (e.g. ListenSpace
or ListenLounge). This information is represented externally by XML files. All applications sharing this
information will be able to read and write these files based on a common XML Schema. The content of the l-
data-base (e.g. vertices, wall shapes, zone shapes, sound items, etc.) can either be specified directly in the world
model or can be read from XML files created and edited with other tools. Also a mixture of direct specification
and XML import is possible, leaving complete freedom to the LISTEN application designer. When using an
object stored in the l-data-base in the world model, the referencing object may register a callback with the data
object in order to get notified when the content of the data object changed. A typical example is the notion of a
shared vertex, which may be used in different shape definitions. If the coordinates of a shared vertex change, all
shapes and dependent objects (such as zones) using this vertex have to be updated. As an example of an l-data-
base built up directly in the world model, consider Code example 2 defining 4 vertices and a polygonal zone
shape based in these vertices (this code will typically reside in a definition file, such as “example-db-def.scm” in
Code example 1 – detail are discussed in section 3.2.1.6.12). Note that this code will be executed in the context
of the l-data-base object, thus direct access to the l-data-base-class methods is possible, i.e. the OOPS “send”
function is not needed.

(::add-vertex (make-l-vertex 'v1 0 0 0))
(::add-vertex (make-l-vertex 'v2 1 0 0))
(::add-vertex (make-l-vertex 'v3 1 1 0))
(::add-vertex (make-l-vertex 'v4 0 1 0))

(::add-zone-shape (make-l-zone-shape 'zone1 self (list 'v1 'v2 'v3 'v4)))

Code example 2: An example of a simple l-data-base definition file

3.2.1.2 l-site-class

The l-site object is meant to hold the visual representation of the LISTEN site, i.e. the architecture of the
building for which the LISTEN application is produced. The l-site typically loads one or more geometry files
containing models of the real space to be augmented by the LISTEN application. Geometrical information about
the site will be stored in the l-data-base and made accessible to (or maybe also be provided by) the 2D authoring
tool ListenSpace. Such information includes vertices defining walls, wall opening like doors and windows, and
other interesting features of the architecture (e.g. centre points, symmetry axes, etc.). The l-site class will
probably be derived from the same base class as the l-set-class, which is functionally almost identical. The main
difference between l-site and l-set is that the l-site is assumed to be immutable. Common to both, the l-site and
the l-set is that they will also provide for a structured access to geometrical information stored in the l-data-base.
Such geometrical information can be thought of as a kind of annotation complementing the visual representation
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and needed to structure the world model. A typical example being a number of wall shapes defined in the l-data-
base, which refer to walls in the l-site.

3.2.1.3 l-set-class

An l-set object contains the visual representations of the objects the l-site is “furnished” with. In a museum
context these objects would be typically the exhibits like paintings or sculptures or installation objects. As it is
expected that the authoring process of a LISTEN application may also influence the exhibition design itself (i.e.
the positioning of objects in the exhibition space), the l-set needs to be editable to allow for the necessary
adjustments. This has to be reflected also in the authoring components and is the main reason for the
conceptually strict distinction between l-site and l-set. Like with the l-site, geometrical information about the
objects contained by the l-site is stored in the l-data-base. They take similar forms like in the case of the l-site,
i.e. they are vertex-based and typically describe positions of artefacts. It is important to note here that a LISTEN
application can be run without the visualizations provided by the l-site and the l-set. This is possible if all
geometrical information is based on l-data-base objects and doesn’t refer directly to the visualization model
files.

3.2.1.4 l-sound-server-class

An l-sound-server is a proxy object for an instance of the ListenSoundServer application, which encapsulates
the rendering component (c.f. section 3.4.3.3). The l-sound-server objects administer the network connection to
the ListenSoundServer using the Open Sound Control protocol and provides a method interface to the high-level
ListenSoundServer control messages (e.g. switching the server on and off, setting the global level, etc.). The l-
sound-server objects also allocate some administrative modules in the ListenSoundServer (such as a test-tone
generator, a probe object, a sound sample database object, etc.). When creating the l-sound-server object, an
instance of the ListenSoundServer application has to be running already, as the network address and the port
name have to be specified upon instantiation. Each l-sound-module is assigned to an l-sound-server, which
represents a processing context in the ListenSoundServer application. The different processing contexts are
separated by prefixing the sound module names with the l-sound-server name. This allows several l-sound-
server objects to share one ListenSoundServer application. The l-sound-server also has to specify the audio
output channels the ListenSoundServer should use to deliver the result of the rendering process. By this means,
different immersive audio-augmented environments may be rendered on one ListenSoundServer (see also
section 3.4.3.3).

3.2.1.5 l-listener-class

An instance of the l-listener-class represents the user of a LISTEN application. The l-listener object receives the
tracking data and is used as reference for l-sensor objects. The l-listener can also be used to store references to
user profiles, as they may be needed for the communication with the user model component. The l-listener
object also provides a visual representation of the user, as it is needed in authoring and testing sessions.

3.2.1.6 l-environment-class

An l-environment object is essentially a container for l-agents (described in more detail below). An l-agent may
contain a set of l-sensor and l-actuator objects. The l-agent object’s role is to administer these objects, i.e. group,
connect, and control them. An l-agent may also contain a set of other l-agent objects as sub-agents. Technically
speaking, the l-environment-class will probably be implemented as a sub-class of the l-agent-class. This shows
that an l-environment could be a flat structure consisting of only one toplevel l-agent (the l-environment) if the
content designer wishes to structure the LISTEN application in this way. The container concept (l-agents
containing other l-agents) is motivated by the flexibility of such a hierarchical structure and the clarity it offers
with respect to addressing objects in this hierarchy. Mapping a namespace on this hierarchy is sufficient to
easily address all components of an l-environment from any piece of script code (typically from sensor
callbacks, as explained later) or even from outside the world model. The potentially hierarchical structure of the
l-environment is complemented by a communication system using port objects (l-inlets and l-outlets described
in more detail below). Each l-agent may define as many named l-inlets and l-outlets it needs to communicate
with other agents. These ports may be connected with each other forming a data-flow network along which
messages will update the port values. This mechanism is modelled after the field mechanism of Avango and the
control message mechanism of Max/MSP (used to develop the ListenSoundServer described below). The l-



Deliverable: D1                            Final Report                                Version: 1.0                             Date of version: 31.12.2003

LISTEN  IST-1999-20646 21

agent tree and the port communication system show a structure similar to the Avango scene graph and the field
mechanism used to connect Avango scene graph nodes into data-flow networks. Also graphs of Max/MSP
objects work in a similar way. This conceptual clarity was another reason for the hierarchical design of the l-
environment. LISTEN application designers, who may have to program on all these levels, will find it easier to
cope with the complexity of a LISTEN application if they find similar concepts on several levels of the system.

3.2.1.6.1 l-agent-class

We use the term “agent” here to describe objects, which have some similarity with objects in systems developed
in autonomous agent research. The main role of l-agents is to form higher-level units, which exchange
information with other system components (such as the user model), to take decisions on the content
presentation level and to parameterise all dynamic aspects of the sound rendering. Certain l-agents will comply
with the following definition of an autonomous agent:

An autonomous agent is a system situated within and being part of an environment that senses that environment

and acts on it, over time, in pursuit of its own agenda and so as to effect what it senses in the future.

Other types of l-agents will rather play the role of containers of other l-agents managing their configuration and
communication. All l-agents may also (and typically will) contain l-sensors and l-actuators, which form the leaf
objects in the tree structure of the l-environment. The l-agents role is to initialise the l-sensors and l-actuators as
well as to establish and control the communication among them. Except for Avango field connections (which
are used to express data-flow graphs exchanging data at frame rate, i.e. at about 30 Hz), all other communication
in the l-environment is carried out by the l-agents using the message port system and callbacks as described
below. L-agents setup the structure of the Avango scene graph, the l-sensor and l-actuator graphs, and they
register callbacks between l-sensors and l-actuators. L-agent classes inherit from an abstract l-agent class
providing canonical behaviour. Their particular behaviour may have to be developed on a case-by-case basis. A
library of l-agents will be developed for the most typical cases.

Another typical role of l-agents is the communication with the user model. L-agents adapt their agenda (e.g. to
deliver a certain presentation of audio content) to the behaviour of the user as detected by l-sensors and as
recorded in the user model. In this sense, l-agents “sense” their environment. They act upon it by creating and
scheduling new events in time (e.g. presentation of a set of audio elements) which are recorded in the user
model and which, in turn, will effect what the l-agent will “sense” in the future. In this sense an l-agent object
could be called an autonomous agent. As experiences with the prototype development have shown, this aspect
of the l-agent turns out to be essential for the conception and perception of immersive audio-augmented
environments.

For the communication with the user model (c.f. section 3.2.2) specialized l-agent classes are defined. From the
user model’s point of view, the l-environment acts as an event generator and a command interpreter. The next
two sections describe these l-agent classes.

3.2.1.6.2 l-um-events-agent

The l-um-events-agent-class is a subclass of the l-agent-class that collects all l-environment events (i.e.
callbacks from l-sensors) and communicates them to the ListenLounge via a CORBA. Typically, the l-um-
event-agent will be connected to all other relevant l-agents in the l-environment via the communication port
objects described in section 3.2.1.6.11).

3.2.1.6.3 l-um-commands-agent

The l-um-commands-agent will receive abstract commands from the user model specifying the way the audio
content suggested by the user model should be presented to the user. The l-um-commands-agent, which is
connected to the other l-environment l-agents relevant for this task, interprets these abstract commands by
adapting them to the current state of the l-environment and the l-listener.
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3.2.1.6.4 l-sensor-class

Objects of type l-sensor provide the main input to the l-agent objects, which, in turn, control the l-actuator
objects. L-sensors analyse the behaviour of the l-listener (movement in time and space) with respect to real (l-
site and l-set) and virtual object defined in the l-environment. The l-sensor objects group “sensing” objects (e.g.
zone objects) into meaningful units. A typical example of an l-sensor object would contain a zone object, which
detects if a user is located in a certain area or not. Other l-sensor objects measure distances between the l-
listeners and objects in the l-environment or compute weighting functions dependent on the users position with
respect to objects of interest. L-sensor objects are connected to the l-agent via callbacks typically invoking l-
agent methods or may be directly connected to the l-agent’s l-actuator objects via callbacks. Avango field
connections between l-sensor objects and l-actuator objects may be established directly, where a fast and direct
communication between these objects is needed (e.g. for continuous sound synthesis or processing parameter
updates).

3.2.1.6.5 l-simple-sensor-class (example)

As an example of an l-sensor-class we introduce the l-simple-sensor-class used in the code examples in this l-
environment-class section. The l-simple-sensor defines a zone, which refers to a zone shape object defined in
the l-data-base (c.f. Code example 2). In Code example 3 it is connected to an instance of the l-simple-actuator-
class defined below. When the user represented by the l-listener objects enters the zone, the l-simple-actuator
object will switch off the sound rendered by the l-ortf-point-source object and read from a sound file by an l-
monofile-player object. The l-ortf-point-source-class and l-monofile-player-class are also example classes
introduced for the sake of illustration of the l-environment architecture.

3.2.1.6.6 l-actuator-class

All objects controlling sound synthesis, processing, reproduction, and rendering are called l-actuator objects.
The l-actuator objects group l-sound-module objects into meaningful units. A number of standard subclasses of
the l-actuator-class will help the LISTEN application designer to structure the l-environment. The main role of l-
actuator and l-sensor objects is to structure the code in an l-environment and to allow for structured access of
system resources though a separation of input (sensor) and output (actuator) objects. The advantages of this
structure will appear clearly only in larger LISTEN applications an may not seem so necessary when
considering the code examples, which have been designed for structural clarity and naturally hide many details.
Typical l-actuator objects contain sound sources and sound generating, processing, and reproducing objects. As
an example of such an actuator class we introduce the l-simple-actuator-class in the next section.

3.2.1.6.7 l-simple-actuator-class (example)

The l-simple-actuator-class combines an l-point-source and an l-monofile-player object to play a sound file
through a point source. The main purpose of this class is to instantiate its components and connect them so that
in this case the sound read from disk by the l-monofile-player is passed on to the l-point-source which renders it
depending on the position and orientation of the l-listeners and it’s own position and orientation. The signal
connections are established with the method interface defined in the l-sound-module-class (see below).
Furthermore, that class defines an interface that will be used by the agents to interact with it. In the code
examples of the world modelling section we assume that there is only one l-agent object involved, which is the
l-environment object itself (the l-environment-class will be derived from the l-agent class for that purpose).

3.2.1.6.8 l-sound-module-class

An l-sound-module is a proxy object for a sound module instantiated in the ListenSoundServer application (c.f.
section 3.4.3.3). Each sound module is linked to an instance of the l-sound-server-class, which refers to the
server the sound module is instantiated on. By sound module we refer to the kind of modules defined in section
3.4.3.3.2). The l-sound-module object will allow for a generic control of sound modules including the
connection of the module to other modules by means of named input and output ports. Any OSC message can
be sent to the sound module through this proxy object. Upon instantiation of an l-sound-module, the
corresponding sound module (depending on the type supplied) is instantiated in the ListenSoundServer. The l-
sound-module-class also provides a method interface for a generic handling of the signal connections to be
established between sound modules in the ListenSoundServer. The class also maps the local port names used to
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connect the sound modules into the global ListenSoundServer name space by prefixing them with the l-sound-
server object’s name. Although the l-sound-module can be used in its abstract form to control concrete modules,
it will more usually be used to derive module-specific sub-classes from it. Two of them are documented here as
examples in the next two sections.

3.2.1.6.9 l-monofile-player-class (example)

The l-monofile-player-class is a subclass of the l-sound-module-class and provides methods useful to control the
playback of mono sound files from disk. These include setting the filename, switching between simple and
looped mode and starting and stopping playback.

3.2.1.6.10 l-point-source-class (example)

The l-point-source-class is also derived from l-sound-module-class and allows controlling the algorithms used to
render a point source. The l-point-source object continuously monitors its relative position with respect to the l-
listener and forwards this information to the ListenSoundServer, which passes the position information on to the
Spat~ components.

3.2.1.6.11 l-inlet-class and l-outlet-class

Instances of the classes l-outlet-class and l-inlet-class are meant to represent abstract communication port
objects. The classes have been designed to work for l-agent communication, both demand- and event-driven, but
can also be used for other OOPS objects. Port values are read and written with the ::set-value and ::get-value
methods. The l-inlet-class defines a callback, which can be called when a port value changed. Port connection is
implemented for outlets with by the methods ::connect-to-inlet and ::disconnect-inlet and for inlets by ::connect-
from-outlet and ::disconnect-from-outlet. The l-agent-class also provides an interface on the agent level for port
connection through the methods:

::connect-inlet-from <inlet> <agent> <outlet>
::connect-outlet-to <outlet> <agent> <inlet>

3.2.1.6.12 l-base-class and l-base-def-class

All classes described above are either derived from l-base-class, which implements object name handling (each
LISTEN object may be named). Some are derived form l-base-def-class, which implements a simple definition
file scheme, which supports a certain programming style that turned out to be very convenient when developing
applications with a scripted environment like Avango. When the main script file is loaded, the structure of the
application is created and all objects are initialised. Typically, while developing the application or while fine-
tuning it, object parameters have to be changed frequently. These changes may be done by sending messages to
objects from the interpreter command line. A more convenient and consistent method is to keep these messages
in files in order to remember the latest parameter configurations. If these files are loaded upon application
startup, the last parameter configurations will make their way into a new instance of the application. These
parameter files are referred to here as definition files or def-files. The l-base-def-class implements the def-file
handling for LISTEN classes. Typically, def-files will be loaded after the instantiation of an object to initialise
it. Def-files are evaluated in the context of the instance they have been attached to. This means that they may
directly access the object’s instance variables and method definitions. Def-files have to be written in a way that
allows to load them any number of times once the applications has been started. Typically, def-files contain
update messages for objects parameters or other configuration information. But they may also contain method
(re)definitions. In Code example 3 a simplified version of the definition file “example-env-def.scm” used in
Code example 1 is shown. Since Code example 1 uses the abstract l-environment-class, which serves as l-
environment and l-agent at the same time, l-actuators and l-sensors are created and parameterised in the def-file.
Since the def-file may be loaded several times, it has to check if the l-sensor and l-actuator exist already. Upon
loading the def-file for the first time, these objects will be instantiated. Any further reloading of the file will only
update the objects parameters. An alternative strategy would be to subclass the l-environment-class and create
the objects in the instance initialisation method. Which method is preferable depends on the concrete problem to
be solved and on the overall structure of the LISTEN application to be built. The following code example
assumes a very simple case and is only meant to illustrate the different options the LISTEN application
programmers have at their disposal.
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(define actuator (::get-actuator-by-name 'actuator1)) ; try to lookup actuator

(if (not actuator) ; create actuator if needed
    (begin ; and register it

(set! actuator
(make-instance l-simple-actuator-class (_name 'actuator1)))

(::add-actuator actuator)))

(send actuator '::set-filename "l.listen1.aiff") ; speficy sound file
(send actuator '::set-level -6 0 0) ; set level to –6 dB
(send actuator '::set-active #t) ; activate the actuator

(define sensor (::get-sensor-by-name 'sensor1)) ; try to lookup sensor

(if (not sensor) ; create sensor if needed
    (begin ; and register it
      (set! sensor

(make-instance l-simple-sensor-class
(_name 'sensor1)
(_listeners l-listener)
(_shape (send l-data-base '::get-zone-shape-by-name 'zone1))))

      (::add-sensor sensor)))

; connect sensor and actuator via callbacks and activate sensor

(send sensor '::set-zone-enter-cb (lambda () (send actuator '::set-play #f 0)))
(send sensor '::set-zone-leave-cb (lambda () (send actuator '::set-play #t 0)))
(send sensor '::set-active #t)

Code example 3: A simple l-environment definition file using the example classes l-simple-sensor-class and l-

simple-actuator-class

3.2.1.6.13 l-time-system-class

Temporal control in LISTEN environments is based on l-time-system objects. Temporal control may be
organized hierarchically in LISTEN by means of trees of l-time-system objects. Each l-time-system object has a
parent l-time-system and may (implicitly) have any number of children l-time-system objects. LISTEN defines
an l-root-time-system, which is the root of all l-time-system object trees (the default parent of an l-time-system
is the l-root-time-system). The flow of time in each temporal context defined by an l-time-system object may be
started and stopped at any moment. The speed at which time passes with respect to the patent l-time-system can
be controlled by a static time scale. An l-time-system may be shifted in time with respect to its parent time
system by specifying an offset time value. The unit of the time system time values is the second. The granularity
with which the l-time-system objects increments its time value may be chosen. The minimum granularity is
defined by the frame rate of the underlying VR system Avango. The typical use of an l-time-system object
would be to function as a time-base of an l-scheduler object.

3.2.1.6.14 l-scheduler-class

The l-scheduler-class defines a simple type of event scheduler object. An l-scheduler executes function calls
after a specified amount of time. The function is registered or queued with the scheduler and an id is assigned to
the scheduled event. The id can be used to unschedule the event in case its execution is not wanted any longer
and has not occurred yet. The scheduled function is called with the l-scheduler object it was called from (e.g. in
order to inquire the l-scheduler’s time) and the scheduling id assigned to it upon registration. Typically,
scheduled functions will schedule themselves again to implement a recursive scheduling policy. Each l-
scheduler object refers to an l-time-system object as time source. Thus a global control over the l-scheduler is
possible by the l-time—system (e.g. to pause the scheduler by stopping the l-time-system). The l-scheduler-class
has to provide also methods to reset the l-scheduler and to inquire its current time.
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3.2.2 User Modeling

Nowadays, adaptive systems mostly adapt the information selection and presentation to the user’s goals,
preferences, knowledge, and interests. In most cases, the user model acquisition is driven by monitoring the
activities of users with the user interface or by an analysis of their connection and device characteristics.
Additionally, nomadic information systems resort to localisation technologies in order to build a meaningful
context model for the user’s current situation. Beside the identification of the user’s current position, these
technologies allow for user tracking in physical space and the user’s movements within.

In the former HIPS project [Oppermann, Specht 2000] of the Fraunhofer Institute for Applied Information
Technology the user’s preferences, knowledge, interests, and movements in physical space form the basis of
adaptive behaviour – the user modelling techniques in LISTEN goes beyond this by combining a rich context
model with fine-grained localisation technologies. Based on the time spent listening to certain audio streams or
even from the user gazing at a certain part of a visual object, the LISTEN user modelling component builds
hypotheses about the user needs, interests and preferences. Referring to a complete model of the user’s visual
environment, this enables the LISTEN system to adapt to a more refined database and to achieve a better fit of
information and the users current context.

The LISTEN user model records the user behaviour, utilises machine learning methods to infer user interests
and preferences, and implements the adaptation of the system to the user behaviour. Beside the presentation of
the sound snippets, (including their order, character, source, motion,), this adaptation process contains the
provision of recommendations to the user and the attraction of the user by emitting specific sounds from certain
sources.

Since the objectives of the LISTEN project emphatically disclaim the request of explicit user feedback, the
utilization of implicit feedback is an important issue for the realization of a personalized immersive
environment. Thus, the user’s movements are the only interface for interaction. The personalization process
considers only information about the spatial position of the user, the orientation of the head and meta-
information about sound snippets and visual objects.

The identification and the description of the context parameters is a non-trivial task. A central issue in user
modelling is to structure an information domain not only appropriate from the viewpoint of an information
engineer but also with respect to the user’s point of view. Especially for designing personalized information
services the intuitiveness of the information structure is essential for the successful application of user modelling
and personalization methods.

This report describes how incoming information is evaluated step by step to conclude the user’s interest in the
objects of the environment. For this reason we have investigated three different approaches that seem to be
suitable for our purposes:

• Content-Based Filtering Systems (see [Balabanovic, Shoham 1997], [Basu, Hirsh, Cohen 1998])

• Collaborative Filtering Systems (see [Delgado, Ishii, Ura 1998], [Pazzani 1999])

• Context-Aware Systems (see [Gross, Specht 2001], [Resnik, Varian 1997], [Schilit, Adams, Want
1994])

Furthermore we examined hybrid systems like [Billsus, Pazzani 1999] or [Pazzani 1999], which combine
several approaches. They are often able to overcome some limitations of pure approaches and improve the
quality of recommendations.

3.2.2.1 Objectives

The combination of novel user modelling techniques with advanced virtual-reality-based world modelling,
authoring and simulation techniques provides the basis for developing and experiencing a new form of
interactive audio content and thus, for the creation of an immersive audio-augmented environment. Rather than
a pre-determined, pre-recorded audio programme, listeners are offered a personalised audio environment, based
on their interaction within the real space. The enhanced audio format provides layers of information with
increasing levels of involvement. It will allow the visitors to find their own level of engagement with an
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exhibition. The varying depth of experience will give each person the chance to find his or her own level or area
of comfort and interest.

These adaptive features of the LISTEN system are based on advanced methods to extract certain preferences
from the user’s spatial behaviour. User modelling also allows avoiding redundancies in the presentation of audio
information. The user model will keep track of each user’s visit history and adapt the presented information with
respect to what the user has already experienced. This will avoid repetition of information where it is not
explicitly desired by the user and communicated to the system with a simple remote control unit.

The user model of LISTEN enables enhanced, interactive sound tailored to the interests and experiences of the
individual visitor and to a variety of exhibits types. These will range from art exhibitions in museums to gallery
installations and from scientific conferences to industrial fairs or marketing events.

3.2.2.2 Concept

Context-aware computing is a computing paradigm in which applications can discover and take advantage of
contextual information (such as user location, time of day, nearby people and devices, and user activity). In
terms of the classical loop of adaptive system behaviour illustrated in Figure 17 [Brusilovsky 1996], incoming
data about the user context is processed by the system in order to realize appropriate adaptation effect. The
following sections give an overview on what context-aware systems are and describe the elaboration of a
concept that fits the needs of the LISTEN objectives.

Figure 17: Classic “user modelling – adaptation”-loop [Brusilovsky 1996]

3.2.2.2.1 Context-Aware Systems

From a general point of view, [Dey, Abowd 1999] define context as “any information that can be used to
characterize the situation of an entity. An entity is a person, place, or object that is considered relevant to the
interaction between a user and an application.” Additionally, when the context-information is recorded across a
time span, we can obtain histories like interaction history, movement history, or event histories, which could
also be useful for certain applications [Chen, Kotz 2000].

Context as a mean for adaptation of the information selection and presentation has been described in a variety of
ways and approaches (see [Gross, Specht 2001], [Shilit, Adams, Want 1994], [Dey, Abowd 1999]). From our
point of view identifying important context parameters to describe a user interaction remains an essential issue
when designing context-aware information services.

Several aspects of context models and context-awareness have been described in a variety of different
approaches. For example, [Schilit, Adams, Want 1994] have mentioned: where you are, who you are, and what
resources are nearby. [Dey, Abowd 1999] discuss several approaches for taking the computing environment, the
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user environment, and the physical environment into account. Furthermore, they distinguish between primary
and secondary context types: Primary context types describe the situation of an entity and are used as indices for
retrieving second level types of contextual information. In this work we base our context modelling approach on
the four dimensions of a context which Gross and Specht have considered in [Gross, Specht 2001]:

Identity: The identity of a person gives access to the second level of contextual information. In some context-
aware applications highly sophisticated user models hold detailed activity logs of physical space movements and
electronic artwork manipulations.

Location: We consider location as a parameter that can be specified in electronic and physical space. An
artwork can have a physical position or an electronic location described by URIs or URLs. Location-based
services as one type of context aware applications can be based on a mapping between the physical presence of
an artwork and the presentation of the corresponding electronic artwork [Goßmann, Specht 2001].

Time: Time is an important dimension for describing a context. Beside the specification of time in CET format
categorical scales as an overlay for the time dimension are mostly used in context-aware applications (e.g.,
working hours vs. weekend). For nomadic information systems a process-oriented approach can be time
dependent (similar to a workflow).

Environment or Activity: The environment describes the artwork and its current situation. In several projects,
approaches for modelling the artwork and building taxonomies or ontology about their interrelations are used for
selecting and presenting information to a user. A group of people sharing a context is also part of the
environment (social context), as well as the technical context describing which devices are used.

Context awareness enhances the possibility to design intelligent user interfaces: Their context dependency
builds a bridge between user and system in order to improve the interaction usability. Smart modelling
techniques are essential to acquire, represent and exploit context awareness. In particular, context modelling
includes user modelling as a key issue. User models can be deduced explicitly or implicitly [Maybury 2002]. In
the first case, the user states information explicitly, such as his/her interests, preferences, skills etc. In the latter
case, inference techniques based on domain modelling, understanding the typical behaviour of similar users, and
user interaction observation (tracking systems) are used in order to draw hypothesis about user interests, needs,
and plans. Inference systems pose the challenge of defining what parameters should be measured and how, so as
to acquire a complete and meaningful context description. The interpretation of the overall context model may
have impact on a large variety of adaptation targets like information presentation, content, modality definition,
etc.

3.2.2.2.2 Personalization of LISTEN

In our approach the personalization process is divided into four main steps: Information collection, modelling,
controlling and rendering. Each step fulfils a certain role within the user modelling process. Based on these four
steps of the personalization process, the LISTEN application is able to adapt the scenery in various ways. The
next subsections describe these steps in more detail.

3.2.2.2.3 Information Collection

The utilization of implicit feedback is an important issue for the realization of a personalized immersive
environment. The only information to base the personalization process on is data gathered from sensors (e.g. the
spatial position and head orientation). Thus, a network of sensors is connected to variable parameters of the
environment. These sensors are used for recognizing changes within the environment and in particular for the
perception of the users’ interaction with this environment. An observation module receives all incoming events
sent by the application. Appropriate event descriptions are pushed into a database. Thus, an event history for
every user is saved and an implicit user profile is recorded, which can be further processed.

3.2.2.2.4 Modelling

By the means of statistical models, the implicit user profile already allows the deduction of valuable information
that can be used for standard adaptation activity (e.g. the more time the user spends with a specific visual object,
the more s/he likes it). This deducted information builds a behaviour model of the user. The behaviour model
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can be treated like an explicit representation of an implicit user feedback and may be consulted to draw an
assumption about the user’s interest in a specific object. Different machine learning and data mining algorithms
can extract semantically enriched information, in order to gain more significant information relating to the
user’s behaviour.

3.2.2.2.5 Controlling

Meaningful user profiles accurately document the users’ activity within the environment and can be exploited to
adapt this environment in order to support the user and to provide personalized information. Therefore, a
controlling component is necessary to decide what consequences must be taken if certain conditions in the
user’s context and in the individual user model configuration appear together. On the one hand, the control layer
must consult the user model to get and set information about individual users, groups of users, or average
behaviours in a certain environment. On the other hand this layer must be aware of the domain model to get
information about the environment the user is currently moving in. Based on these information sources the
control component assembles a sequence of commands in order to adjust certain variable properties of the
environment. Thus, different sequences of commands lead to different kinds of information presentation. This
adjustment of environmental parameters is used for realizing domain independent adaptive or strategic methods,
which are expressed domain dependently. On the strategic level of the control layer a decision between high-
level adaptations and the selection of different adaptive methods is taken.

3.2.2.2.6 Rendering

Rendering means handling the connection back to the domain. This step translates the assembled sequence of
domain-independent commands into domain-dependent commands. The implemented domain-dependent
methods directly change variable parameters of the domain according to the users’ behaviour (e.g. changing the
source of a sound). Thus, the decisions taken by the controlling component are to be mapped to real world
actions.

3.2.2.2.7 Adaptation Strategies

In the field of adaptive hypermedia, several methods of adaptation and adaptive strategies are defined (for
example “adaptive prompting” and “adaptive annotation”) that are suited to tailor information selection and
presentation to the individual user. To adapt these methods to the LISTEN principle, we have analyzed the
expressive means mainly used in audio environments and selected some of the mentioned adaptive methods that
seemed appropriate for the personalization of an audio environment. The control component selects and
instantiates a strategy by queuing a sequence of commands for the rendering engine of the application. Some
LISTEN-specific and domain dependent adaptive methods and strategies that tailor the information selection
and presentation to the individual user are described now.

3.2.2.2.7.1 Adaptation of the Sound Presentation

The basis for every kind of adaptation in LISTEN is the presentation of the sound space. Beside the selection of
the sound item to be played, the sound presentation can be modified regarding to when, with which settings (e.g.
volume), from which direction, with which motion and how long a sound is played. With combinations of these
possibilities, a wide range of adaptability is already accomplished.

3.2.2.2.7.2 Adaptation of the Space Model

In LISTEN a virtual zone is mostly associated with one specific domain object and holds several zone specific
sound pieces. Because users enter and leave these zones in virtual space (AVANGO), the zones can adapt to the
user’s particular behaviour. Some users want to step back and look at the object from a different viewpoint.
Because the user still shows interest in this specific object, the associated zone should expand up to a predefined
point (zone breathing), so that s/he is able to listen to the sound further on. In addition, a sound item that is not
completed should be transportable from one zone to another.
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3.2.2.2.7.3 Adaptation to Social Context

If users are spatially and temporal similar (e.g. a family walking through an audio-augmented museum), they
might want to receive the same audio information. Through building such clusters of people, a subsequent
discussion about seen objects is possible for these people (in contrast to each person having heard a entirely
different presentation). Vice versa, breaking up clusters of people is also possible. This would lead to a better
distribution of people among several objects. Of course, one precondition for this expressive method is the
detection of people clusters.

3.2.2.2.7.4 Adaptation to the Level of Immergence

In LISTEN, interest in objects can be expressed by the time a user’s focus lingers on these objects. The level of
interest corresponds to the complexity, the amount, and the style of already received information about one
object and is transferred to succeeding objects. If one of these objects complies with the user’s interests, the
sound presentation directly steps in the right level of interest and sound items are played that are classified on
the adequate information depth and style.

3.2.2.2.7.5 Adaptation to Movement and Reception Styles

Several kinds of common behaviour can be identified with people walking through the environment (e.g.
clockwise in museums). Attractor sounds emitted from different sound sources are used to draw the user’s
attention on certain objects of the environment. Thus, entire tours through the environment can be
recommended. The selection and dynamic adaptation of tour recommendations can be adapted to the
stereotypical type of movement and her/his preferred perception style. For examples of stereotypical user classes
and their movements in museum environments see [Zimmermann, Lorenz 2003].

3.2.2.3 Implementation

One of the main objectives of the LISTEN project is the emphatic abandonment of any portable device for the
user except the headphones. For the personalization process of LISTEN this means that explicit feedback is not
available in our application. Thus, the personalization process in LISTEN is based on the dimensions time,
position and head orientation, and on an extensive amount of annotations for sound pieces respectively visual
items. For example, the LISTEN user modelling component can build hypotheses about the user’s interests and
preferences based on the time spent listening to certain audio streams or on the time spend gazing at a certain
part of a visual object. The use of enhanced localization technologies allows a precise user tracking in physical
space, which delivers the knowledge necessary to adapt the system’s behaviour.

In general, the adaptation process in LISTEN is based on querying a user modelling component and applying
knowledge about the user. Although the architecture and hosted modules changed continuously during the
course of the project, the overall methodology was to implement the behaviour of a User Model Server (UMS),
as described in [Fink, Kobsa 2002]. In [deliverable D2.1] we have introduced our first approach of
implementing such a UMS as shown in Figure 18, which is enhanced step by step in the two succeeding phases.

3.2.2.3.1 Phase 1 – Specification of a User Modelling Server

In the first stage, the LISTEN system tracks the user’s position in short time intervals. The Event Forming Filter
(EFF) (Figure 18) analyses the stream of tracking data and forms events. Consulting the Space Model the EFF is
able to identify the object that caught the user’s attention. The generated events are sent to the UMS, where the
Conceptualisation Module (CM) receives the tracking events. It consults the Domain Model to get a description
of this object and extends the event description with its content-description. Additionally, the CM consults the
Behaviour Model to infer an assumption about the user’s interest in this object. The recorded event history
forms a user profile, which is analysed by learning components (using different machine learning and data
mining algorithms) for extracting knowledge about the user. Several users with similar user models are clustered
in order to form groups. The shared group models are used for inheritance of new features for some group
members (e.g. new users).

Finally, the received information is used by the Presentation Planer to prepare the presentation to the user in two
steps:



Deliverable: D1                            Final Report                                Version: 1.0                             Date of version: 31.12.2003

LISTEN  IST-1999-20646 30

1. Consult the UM for user preferences and interests

2. Start an audio presentation relevant to the object and adapted according to the user’s interests and preferences.

Figure 18: The generic User Model Server

3.2.2.3.2 Phase 2 – Using an Information-Brokering tool

The enrichment of information items with significant meta-information enables the personalization and
customisation of information offers. In the second development phase, we designed a domain ontology to be
able to describe the information items used for the Macke exhibition (i.e. sounds and paintings), thus allowing
an individualized sequencing and presentation of these items. Paintings and sound items can be classified into
this category system with a variety of dimensions describing the sound items technically and from a stylistic
point of view.

The ontology provides classification based on:

• technical descriptions of the sound items such as length of item, type (music, speech, sound effects)

• the relation to the physical space objects (art objects to which an item contributes, physical area zones
or focuses to which they are connected)

• phases of work, image genre, or art technical aspects

• the preferred target group, like the stereotypical listeners for such a sound item, or the emotional
impacts or dramaturgy

In particular, speech sound items could be further classified into subcategories like citation, collage, diary, letter,
newspaper and others to describe their style of presentation.

Furthermore, this phase refines the components and information processing of the preceding phase and
introduces stereotypes in order to enhance the group modelling approach. At the top of this phase, we have
presented our prototype at the second Expert-Workshop in Paris.

3.2.2.3.2.1 Enhanced information transfer using CORBA

In order to decouple the UMS from both programming language and operating system dependency, we decided
to base the information transfer between the user modelling component and the several components of the
LISTEN system (in particular the AVANGO virtual realty system and the real-time based presentation engine)
on a well-defined standard architecture (i.e. the Common Object Request Broker Architecture,
http://www.omg.org/gettingstarted/corbafaq.htm). This architecture facilitates a distributed LISTEN system.
The user modelling component runs such a http://java.sun.com/j2se/1.3/docs/guide/idl/jidlUsingCORBA.html
server, which can be contacted by the AVANGO system to deliver events and to receive commands:

• An event is always triggered if the state of the world model changes. For example an event may be
fired if a user enters or leaves a zone or a sound starts or stops playing.
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• In reaction to the changed state of the world model, control commands are delivered in order to change
variable parameters of the domain, e.g. to play or stop a sound, or to play an attractor sound from one
certain object.

Figure 19 illustrates the integration of the ListenLounge, which is responsible for all user modelling concerns
and for mapping user properties and interests to software objects, into the overall LISTEN architecture.

Figure 19: Integration of the ListenLounge

In this architecture, AVANGO serves as an information collector and rendering engine for the ListenLounge. In
the role of an information collector, a user tracking component inside of AVANGO tracks the position of a user
in short time intervals. Consulting the Space Model, AVANGO is able to identify the object of the user’s focus
of attention and to get its identification number. The Events Agent of AVANGO delivers this information by
firing events, which are filtered and semantically enriched by the ListenLounge in order to build and maintain
the user model.

In the role of a rendering engine, AVANGO augments the environment with an audio stream assembled by the
ListenLounge in order to personalize the presentation for a specific user. The Commands Agent of AVANGO
interprets these commands and adjusts variable properties of the user’s environment based on the retrieved
control information, according to the user’s interests, preferences, and motion. Thus, the information held in the
user model is converted into real world actions.

In order to realize user modelling on a high level, the ListenLounge implements six major components, which
are described in the next subsections in more detail (see also [deliverable D2.3]).

3.2.2.3.2.2 Domain Model

Without any connection to a domain model a valuable adaptation process according to the user’s interests and
preferences cannot be performed. That is why a domain model plays a central role in every adaptive system.
User specific attributes like age, gender, etc. can be applied in several domains but some attributes like interest
in arts are essential in specialized domains. From the central XML repository the ListenLounge extracts parts of
the domain model that are relevant for its operation, such as descriptions of the sound items (length, language,
meta-data,), sound source identifiers and location, or meta-data about visual objects.

3.2.2.3.2.3 Observation

The observation module of the ListenLounge receives all incoming events sent by AVANGO. Thus, an event
history for every user is saved and an implicit user profile is recorded. The ListenLounge receives the following
events:

• TrackingUpdate: This event delivers the current visitor’s spatial x- and y-position and his/her
orientation. It is fired in regular intervals (i.e. every two seconds).
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• LocationChange: This event indicates changes of the visitor’s location in the virtual environment (e.g.
“zone entered,” “zone left”).

• SensorChange: This event is fired when the sensor, which identifies the current visitor’s focus,
changes.

• DatabaseUpdate: This event informs the user modelling component about some metadata has changed,
for example sound file “x” has entirely been played.

3.2.2.3.2.4 Data Mining

Since the system will not get any explicit feedback from the user during the user’s tour, it needs to infer
information from the user’s behaviour by data mining processes (e.g. for clustering and detecting stereotypes).
The basis for this inference process is the data delivered by the observation component: Time (i.e. timestamps,
delays, time sequences), position (i.e. the position in the physical and virtual environment), and focus (i.e. the
name of the object the user is looking at).

3.2.2.3.2.5 User Preferences

In our user modelling approach for a museum environment the adapted information-brokering tool is employed
for modelling user preferences (cf. [Zimmermann, Lorenz, Specht 2003a]). The ontology model as well as the
utilization of the information items to be brokered (i.e. sound and visual items) allow a determination of user
preferences. By requesting user preferences, different user profiles can be built up that facilitate the filtering of
information according to the users’ needs, preferences and position [Chitarro, Ranona, Ieronutti 2003].

3.2.2.3.2.6 Stereotypes

The concept of stereotypes is well known in the field of user modelling to categorize users by their attributes or
behaviour [Rich 1988]. With the aid of stereotypes, the ListenLounge defines the user‘s observation type and
thus, the system is able to accordingly adapt the scenery and cause a different sound presentation. In a museum
environment it is not trivial to predefine meaningful stereotypes. Some easy to identify stereotypes are for
example adults and children. To create more expressional stereotypes, we have subdivided the adult category
into three stereotypes: Fact-oriented (the presentation is mainly composed of spoken text), emotional (music
pieces and effects) and overview (short sound items).

3.2.2.3.2.7 Adaptive Methods and Strategy

Based on a meaningful user model, this control component takes a decision between several high-level adaptive
methods and different strategies for presenting objects in the user’s environment. For example, when a user
enters a room the system can either follow in a more passive mode and pace the visitor’s exploration of the
space or actively give auditive cues to guide him/her on a strictly predefined or context-aware adapted tour
(Prompting). The ListenLounge control mechanisms affect the following domain properties:

• Presentation style (e.g. music, spoken text, sound effects)

• Content of the presented sound (e.g. facts, emotions, overview)

• Length and Volume of the sound item

• Sound source (i.e. the direction of the sound)

• Motion of the sound source (e.g. for realizing a moving sound)

3.2.2.3.3 Phase 3 – The component-based architecture

After the second Expert-Workshop in Paris, we started to develop the final component-based architecture. The
results were presented at the second project review.

In order to implement higher flexibility and expandability we have re-arranged the components of Phase 2 into
three main packages observation, semantic (encapsulating user preferences, data mining, and stereotype) and
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control for the LISTEN user model. These packages are interconnected to work together and to capture user
events, semantically enrich this data and convert the information into real world adaptive methods. The
evaluations performed on the set of events can be used to give recommendations and allow for optimisations of
the user interaction. The user model provides an API to get information about single users, about overall
statistics and results of user interaction with the system. Figure 20 illustrates the three packages of the user
modelling component in the overall system architecture; therefore [deliverable D3.2] zooms into the several
packages and describes the components in more detail.

Figure 20: The final packages

3.2.2.3.3.1 Deriving the user’s interest model

In contrary to the prototype presented at the second Expert-Workshop, we chose to employ an interest model
and stereotypes, which the user has not to specify explicitly. This interest model is based on the time the user
spends with a certain object and enables a ranking of sound pieces with regard to their relevance for the user.
The user’s focus always points to a visual object, which is in turn associated with a meta-description based on
key-value pairs (e.g. colour = “blue,” theme = “landscape“). Now, the user’s interest model is continuously
refined by taking advantage of the time information: the more time the user spends looking at one visual object,
the more this meta-description contributes to the user’s interest model.

Starting with an empty representation, this accumulation procedure generically builds a 2-depth tree. The nodes
on the first level of this tree are named after the keys of all meta-descriptions that have been processed so far.
The children of these nodes represent the accordant key-values and have a numeric value assigned that
expresses the strength of the user’s interest in this topic. This numeric value is increased every time a meta-
description with the appropriate key-value pair appears as an input. To fine-tune the user’s interest model, the
LISTEN system processes the meta-description of the user’s object of attention in a constant time interval (three
seconds). In succeeding steps this interest model supports the recommendation, filtering and collaboration
process.

The basic concept of the personalization procedure determining the mode of the system is the representation of
stereotypical user behaviour in moving through an exhibition with motion-styles. In our domain the user may be
“sauntering around,” “goal-driven” or “standing still,” in the last case being either “focused” on a certain object
or “unfocused.” These motion-styles emerge from the analysis of the location and focus of the user and their
evolution over time. They are meaningful, easy to detect and to revise and replace the stereotypes of emotional
or fact-oriented users realized in the second phase of the implementation.
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The interpretation of the user’s motion style in combination with the location determinates the presentation style
and facilitates the pre-filtering process of relevant sounds. If the user stands still focusing the object, object-
dependent information is presented. If the visitor moves slowly not being focused on one specific object, a zone-
dependent, more general presentation starts. Finally, the selection of one specific sound to be played depends on
the user’s history of already heard sounds and on his/her personal interest model. The following bullet points
summarize all motion-styles together with the presentation type they activate:

• Sauntering around – Background music is played

• Goal-driven – Object-dependant audio information in less depth

• Standing, focused – Object-specific audio information

• Standing, unfocused – Location-specific background audio presentation

The LISTEN scenario offers some possible strategies for realizing a personalized behaviour as described in the
preceding chapter. First, a sound can be played, that provides different levels of information depth about specific
visual objects, or a more general background sound. Second, a specific visual object may be recommended if it
meets the users interests. In this case one of two implemented attractor sounds is played: either one sound that
seems to be emerging directly from the recommended object or a talk between two curators can be heard that
seems to move towards the recommended object. Third, two users with a similar interest model can be
stimulated for collaboration (i.e. to exchange knowledge, to discuss about art, etc.) by having attractor sounds
emerging from the appropriate locations.

If the presentation style is determined by the user’s motion style, a Case-Based Reasoning system (CBR system)
supports the decision on which strategy is to be executed [Zimmermann, Lorenz, Specht 2002]. In a nutshell,
CBR is the process of solving new problems based on solutions of similar problems of the past. This powerful
methodology copies the behaviour of human problem solving in everyday environments. In the LISTEN system
the problem description of a case is a snapshot of current user context (location, focus, interest model, etc.) and
the solution is the name of the adaptive behaviour or strategy that has been invoked in this bygone situation. In
addition, every case contains a timestamp, so that the cases in the case base are causally linked. Altogether, the
case base contains one case for each visual object and cases for context snapshots of all users. A snapshot of the
user’s current context is used as a query for the CBR-system to retrieve similar cases (i.e. to remember similar
contexts) of the past. The retrieved result is either the context description of a visual object, of another user or of
the current user. In combination with the motion style this retrieval result is interpreted appropriately in terms of
recommendation, collaboration or filtering.

3.2.2.3.4 Evaluation

In July 2003 the LISTEN art exhibition opened for the public at the Kunstmuseum Bonn. Beforehand, we had
the opportunity to perform evaluation tasks on prototypes of the user modelling component at two events: The
second LISTEN Expert Workshop (LEW2) in Paris and the second project review in Luxemburg. This section
describes the results of this evaluation process.

3.2.2.3.4.1 LEW2 demonstration

From a user modelling point of view the scenario build up for the second expert workshop in Paris was
composed of a set of selectable stereotypes and tour recommendations. In order to receive an explicit statement
from the user without bothering him/her during the presentation, we chose to have the selection to be done in
advance. Figure 21 displays the login panel where the user can select one of three stereotypes and tour
recommendations (see also [deliverable D6.2]). The stereotype influenced the type of sound and the deepness of
information the user would hear; whereas the selection of a tour recommendation determined the direction from
which an attractor sound was emitted to guide the user on a tour. Alternatively, the selection process could be
left out.
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Figure 21: The login panel

We presented the implemented system to a variety of experts made up of museum curators, artists, and
composers, who have appreciated the success of the synesthetic experience: the visitors enjoyed the combination
of audio-visual perception and felt as the interaction with the real visual objects was augmented. At the same
time, curators appreciated the possibility to deliver content concerning the artworks in an innovative, enriched
and less descriptive way.

Some critical points were especially noticed in the lack of flexibility of the space model: The zones surrounding
each artwork were sometimes too small, thus forcing the visitor to approach the artwork very closely.
Particularly for overlapping zones the users could hardly localize the boundaries. In order to overcome these
problems, we aimed at more flexible zones and defined the concept of “breathing zones,” where a sound is more
attached to the user’s behaviour in observing visual objects. In this sense, auditory icons providing landmarks in
the virtual environment navigation were inserted in the audio presentation in order to make the user aware of the
interaction with the environment.

Further effort needed to be put into the recognition of the users’ real focus as well: the tracking system senses
the visitor’s spatial position, but his focus can be on an visual object belonging to another zone. Besides, some
visitors could not realize whether the changes in the audio virtual environment were due to their movements in
the space or were part of the audio sequence. A minority group did not even experience the personalized
character of the audio presentation.

Computer users are known for providing little feedback to rate the quality of items recommended to them. This
lack of explicit feedback causes difficulties in clearly distinguishing between interesting and non-interesting
objects. In these situations, some systems use heuristics to determine positive and negative evidence of the user's
information interest (i.e. unselected objects are negative examples [Schwab, Pohl, Koychev 2000]). Another
approach developed in [Mladenic 1996] uses significance analysis aiming at selecting those features that are
extraordinary important to the user for identifying relevant objects.

Another main criticism in the evaluation was the selection process for the stereotypes. The visitors neither like
to be clustered or classified, nor to state to which class they belong to in public: the request to select what kind
of art visitors they are generated irritation. Due to this fact and due to the decision of not providing any input
devices (neither desktops nor handhelds) we intended to use stereotypes as an internal model for refining the
system and to gather more significant information about the user. Providing stereotypes that are meaningful,
easy to detect and to revise without disturbing the visitor was the main challenge for user model development in
the next project phase. For the new test scenario we developed internal stereotypes representing the visitor’s
style of moving.

In fact, the human-computer interaction with the LISTEN system only lasts a short time period. Therefore, the
system needs to pre-process a sufficient amount of data gathered from former users in order to build up a
meaningful user model. Since such adequate information opulence is not accessible by now, we were forced to
develop learning algorithms that can infer from a small set of data.
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A few experts also mentioned to provide the user with the possibility to control the audio rendering more
actively: In LISTEN, the user can neither switch to a different type of sound presentation while experiencing the
environment, nor start or stop the presentation. In the consensus of the final discussion, even so the level of
immergence is clearly increased without any additional technical equipment.

3.2.2.3.4.2 Review 2 prototype

Concerning the user modelling component, two major innovations were realized for the second project review:
The changed stereotype-approach and increased weight of the visitor’s interaction history. A detailed
description of this new approach can be found in the implementation chapter.

In the above-mentioned LEW2, the user had to select a stereotype in advance. In the new scenario, the system
automatically categorizes the visitor into stereotypes at runtime. In order to form the basis of adaptive system
behaviour, the final version of the system accomplishes four different audio presentations depending on the
user’s motion style:

• Sauntering around

• Goal-Driven

• Standing, focused

• Standing, unfocused

Due to the motion styles, the reviewers now positively noticed a clear interaction with the system only through
their movements. Considering the user’s acceleration and activity in the selection of suitable sound snippets
gained acceptance and was assessed as a valuable extension of the system. By using the body as an interface the
user recognizes the interaction means very fast and is able to intuitively use these mechanisms.

Second, the analysis of the interaction history plays a more important role in the adaptation of the system.
Statistical models calculate the average time users spend in front of a painting and allow for the determination of
points of interest in the exhibition. Thus, a new procedural aspect concerning time and space was integrated into
the system. In addition, a new learning algorithm builds and maintains an interest model for each user
influencing the selection of the sounds for presentation.

A critical point in the centre of a discussion at this second review was the general use of a user model for
personalization purposes. The reviewers agreed on the opinion that user modelling and adaptation makes sense
in application domains like demonstrations, shows and events with a presentational character. Domains like
museums and exhibitions are to be approached carefully, because of the sensitive and old-fashioned view of
long-established visitors. Indeed, the personalized selection of sounds from a huge amount is an important
feature in the LISTEN project.

3.2.2.3.5 Conclusion

We presented an approach for adapting the sound presentation of an audio augmented environment provided by
the LISTEN system. The embedded user modelling and personalization component assembles a bunch of well-
known user modelling techniques for adapting the audio presentation regarding to the users’ preferences,
interests, and motion. We discussed the application of these techniques in this special interaction environment
and described suitable realizations.

The main challenge concerning user modelling in LISTEN was the fact that the only user interface is the user’s
motion. This implies a trade-off in terms of communication between the user and the system. Once the user has
started his/her walk through the environment, s/he does not carry any device except the head-phones. Thus, the
user can’t neither control the sound presentation pro-actively, nor switch to a different type of sound
presentation while experiencing the environment. Moreover, the human-computer interaction only lasts a short
time period. Since there is not explicit control channel provided, the system infers such information from the
user’s behaviour. The basis for this inference process is the data delivered by an observation component:

• Time (e.g. timestamps, delays, time sequences)
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• Position (e.g. position in the physical or virtual environment)

• Focus (e.g. the identifier of an object the user is looking at)

• Description of visual and sound objects (meta-information)

An interesting feature of the LISTEN system is the use of attractor sounds for providing recommendations for
the users and for playing the role of a guide through the audio-augmented environment. In future, developers
and researchers in this area should turn their attention to certain strategies for taking the decision which
particular object is recommended next.

We attempt to highlight the potential of intelligent audio user interfaces, a research field that needs to be further
explored and still presents critical issues. The project here described the complexity of the user and context
modelling process of an intelligent audio-augmented environment.

3.3 Authoring

On of the most complex tasks of t he LISTEN project was the design and development of authoring systems.
During the course of the project it became clear that a unified authoring system couldn’t be developed until
more experiences with the new medium have been made. This is why two alternative and complementary
authoring systems have been developed and tested in various applications. Atlantik – a Realtime Environment
Engine – is implemented on top of the world modelling layer of LISTEN (c.f. section 3.2.1). ListenSpace is a
2D visual authoring tool, which allows on-site editing of the virtual soundscape.

3.3.1 Atlantik

3.3.1.1 Introduction

A LISTEN environment closely interlinks two per-se independent time-based processes: The visitor exploration
of an architectural site, and a presentation of headphone-based audio. The linking of these two layers through
the tracking of a headphone system employing wireless audio transmission allows the creation of new forms of
multi-modal content, and its adaptive presentation to the individual visitor. During the project, a software
infrastructure was developed at FhG.IMK for the authoring of LISTEN environments with a set of pre-defined
objects and interfaces that providing an open architecture to be utilised on different levels of complexity –
depending on the application planned. It was applied in the production of the “Review Demonstrator” and the
“Macke Labor”, but is also open to more experimental and explorative applications of LISTEN content.

3.3.1.2 LISTEN audio content

As to “what” may happen in a LISTEN environment, the ability of tracking the motion of a visitor’s head allows
to create LISTEN audio content as a composite of three elements: First, the generation of the sound, conveying
the semantic or ‘sounding’ content. Second, the real time spatialisation of the sound, allowing the creation of a
perceptual coherence between the perceived source of the sound (virtual sound-source) and the physical space
surrounding the visitor. As a third element, the content may allow direct interaction, such as spatial mappings of
sound-parameters to the position of the user’s head, or other real-time parameters derived from the user’s
position and path, yielding yet another level of coherence between the perceived sound and the physical space.
These elements may be used dissociated or closely interlinked to be perceived as a coherent entity or ‘perceptual
device’ by the visitor (examples of this can be found in both “Raumfaltung” and “Macke Labor”).

Figure 22: Layers of LISTEN content
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3.3.1.3 The spatio-temporal process

Another aspect of LISTEN is the problem of “when” something happens in a LISTEN environment – the
motivation for changes or events in the running time-based content. The dramatic considerations implied in the
creation of a linear headphone-based audio presentation are juxtaposed with the possibility to generate
synchronised ‘events’ and criteria for content adaptation from the spatial behaviour of the visitor within the
visual space. This may include the evaluation of the current position and gaze direction in reference to objects
and subdivisions of the physical space, the evaluation of the previous path, and a large number of higher-level
analysis models for spatial behaviour of the visitor. On the other hand, rules of narrative interdependencies
(sequentialities and simultaneities) between different content elements may generate additional content selection
criteria, allowing the relationship between the content and the exhibition space to change over time, depending
on the state of the accumulative experience of the visitor. This can be used to create the notion of a non-linear
spatio-temporal narrative aimed at in LISTEN, allowing to find a compromise between using the physical space
as a vehicle for exploring an ‘open form’ and creating non-linear temporal progressions in the content.

From the possible motivations of events or changes in the content selection criteria a time substrate is created
which is in turn filled consecutively with appropriate content. The times at which the changes to this time
substrate occur - e.g. the moment in which a new behaviour or position of the visitor is detected, the evaluation
of the visitor path yields a new result, or an audio element causes a change to the state of the user within the
narrative structure - depend completely on the behaviour of the visitor and are therefore rather unpredictable. If
the user is meant to understand the changes his spatial motion causes, the timing substrate derived from the
spatial motion of the visitor must be adhered to very closely to allow the creation of converging audio-visual
stimuli and training effects in the interrelation between motion and content. The arbitrary property of timing
changes however conflicts with the possible presentation of semantic sound elements that require the adherence
to audio-inherent timing structures: Sentences of spoken word may need to be finished, or a pre-rendered room
response may need to be played back completely before a change in content may occur – making an immediate
change in the sound difficult. Therefore it is necessary to retain control about starting and stopping of content
elements apart from this precondition.

Figure 23: Organisation levels of LISTEN content

3.3.1.4 A swim in the Atlantik Environment Engine

The tracking system is continuously delivering updated information about thee current position of a visitor. This
information is processed on three levels:

The lowest (and necessarily fastest) level is the immediate adaptation of the virtual sound scene to the head
motion of the visitor in order to create the highest level of ‘realism’ of the sound-scene as possible. This process
is handled entirely by the LISTEN Sound-Server.

From a second level of tracking data processing the immediate interaction between the visitor motion and the
parameters of the sound generation is created, e.g. a sound-source that becomes lower in level according to in
what degree the visitor’s head is pointed toward it. This can be described as a mapping of the tracking data to
parameter changes of objects within the LISTEN sound-server. This dynamic attachment of spatial ‘fields or
angles of interaction’ to parameters of the sound rendering is created in the Environment Engine.

The third, and highest level of tracking data processing is the generation of the time-based narrative structure
that creates the progress and behaviour of the LISTEN environment as a reaction to the visitor motion in space.
This process can be subdivided into three steps – sensing, presentation modelling, and rendering.
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3.3.1.4.1 Creating an adaptive time-based narrative from a continuous stream of changing contexts

3.3.1.4.1.1 Sensing

The tracking data is filtered using virtual sensors. These detect typical significant behaviours of the visitor in the
space – such as looking at an object or resting within a certain area or zone of the space. Sensors may be spatial
or spatio-temporal in nature. High-level sensors may detect a typical motion style of the visitor, evaluating
gestures or the intensity by which certain objects in the room were perceived – or use an infrastructure similar to
the one described as ‘user model’. The design of the sensors is crucial for the responsiveness of the environment
and needs to be created so that indeed those behaviours, states and events that the visitor goes through while
exploring the physical space, which really bear a significance to the structuring of the content, are captured.
These relevant states of the visitor, that may continuously change during the course of the visit are then
announced discretely. A simple example is the detection of the picture within an art exhibition the visitor looks
at, or the motion between different subdivisions (‘zones’) that occur as the visitor moves through the space – or
the detection of a general motion pattern that may shift between an unrestful ‘wandering about’ to a more
concentrated standing still, focussing on one specific object.

3.3.1.4.1.2 Presentation modelling 1: The symbolic representation of the  timing substrate in a status vector

The visitor states resulting from the filtering of the visitor’s tracking data results in a multidimensional timing
substrate, represented by a status vector containing all information that is relevant for the adaptation and
progress of the environment. Each status object within the vector represents a relevant aspect of the user
behaviour within the space changing over time. The timing substrate reflects the change of the different spatial,
visual or behavioural ‘contexts’ that the visitor goes through, that is the reference point for the semantic
attachment of the audio content. A range of different status objects with varying symbolic representations can be
used in combination – ranging from objects that contain a single symbol or number to those creating
accumulative knowledge about the history of the visior.

3.3.1.4.1.3 Presentation modelling 2: The Chronomer object –‘Semion’ and ‘Actuator’

The nature of LISTEN content being a composite of sound generation, spatialisation and interaction, suggests
the modelling of these content elements on a common time axis, in order for a virtual sound-source to move in
coordination with the sound material it spatialises, or to attach interactive influence of the parameters of sound
generation to a specific audio content.

The Atlantik Environment Engine assembles a continuous temporal presentation from time modules
(Chronomers). A ‘Chronomer’ consists of two objects. On the one hand, an ‘Actuator’, containing all
functionalities required to generate specific LISTEN content for a certain amount of time. The ‘Actuator’ can be
freely designed by the author, and only needs to implement a standard interface for being ‘started’ and
‘stopped’. In reaction to these commands, the ‘Actuator’ creates a temporal behaviour accommodating the
specific LISTEN content of the module. A ‘Chronomer’ may have a definite or indefinite length, and return a
standardised notification message when it actually ‘stop’s: Certain kinds of content – such as spoken word –
may need to stop some time after receiving a ‘stop’ command, waiting for a meaningful outpoint – other
content, for example content utilised to sonify the spatial structure of the room, has start and stop immediately
when the respective commands are received in order to provide the necessary temporal coherence between the
events in the user path and the sound presentation. The ‘Actuator’ presents its content to the user by
communicating with the rendering resources of the LISTEN Sound-Server through proxy objects.

Next to ‘acting out’ the time-based behaviour required to display the content of the ‘Chronomer’, the ‘Actuator’
also updates the status-vector in terms of the narrative progress created by listening and experiencing this time
module. This is a pre-requisite to the creation of temporal dependencies between the ‘Chronomers’.

Next to the ‘Actuator’ providing the functionality of creating a time-based presentation, a Chronomer contains a
‘Semion’, a descriptor object determining under which conditions the ‘Chronomer’ should be presented to the
visitor, and in what time-stream (see 3.3.1.4.1.4) This condition should match possible states of the timing
substrate represented in the status vector. The ‘Chronomer’ objects are collected in a database.
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Figure 24:A ‘Chronomer’: Semion (left half) and Actuator (right half)

Figure 25: The Atlantik Environment Engine
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3.3.1.4.1.4 Presentation modelling 3:‘Chronospheres’, the layers of the user time

The Chronomer time-modules are assembled into a continuous sequence by time-stream objects, the so-called
‘Chronospheres’: The perception of audio allows the presence of several independent layers or streams of audio
content. A listener is only able to process one stream of spoken word (we are generally unable to understand two
persons speaking at the same time). Moreover, a spoken sentence may only reveal its meaning after its very last
word has been said, creating a special need for time modelling. Another example is the perception of ‘tonality’:
only a single stream of music ‘tonality’ can be fully perceived at a time. The use of audio outside of these two
paradigms is much more liberated from constraints of timing and simultaneity. It is therefore useful to model the
presentation of narrative (spoken) content, and also the possible use of tonalities and ‘music’ in a way to guard
the integrity of these layers. The Atlantik Environment Engine models the timeline of the user by a layering of
‘Chronospheres’. A Chronosphere guards the timing behaviour of one layer or stream of content.
‘Chronospheres’ can for example be used to separate the presentation of semantic content from a presentation
sonifying the interaction of the visitor with the system. The “Review Demonstrator” employed four
chronospheres: Three to sonify the spatio/temporal substrate such as gaze direction, zone-entrance and motion
style, and one to present the actual content. In the “Macke Labor”, only one chronosphere was used to display
all content – sequentially.

The ‘Chronosphere’ creates a time-based presentation by mapping the timing substrate represented in the status
vector to the ‘Semion’ descriptors of the ‘Chronomers’. The ‘Chronosphere’ constantly listens to changes
occurring in the status vector, and inspects the currently playing ‘Chronomer’ in regards to its suitability within
the new context of the visitor represented by the status vector. If the ‘Chonomer’ is found to be not suitable, it is
sent a ‘stop’ command. Once the ‘Chronomer’ actually ‘stops’, a new ‘Chronomer’ is searched from the
database according to the current content of the status vector (‘Atlas Question’). The ‘Chronomer’ is
immediately equipped with the necessary proxy-objects to communicate with the Sound-Server, and started. If
no suitable ‘Chronomer’ is found in the database, the ‘Chronosphere’ remains inactive until the next change in
the status vector occurs.

3.3.1.5 Authoring with Atlantik

Atlantik greatly facilitates the process of a LISTEN environment, keeping the required coding to a minimum.
The steps of authoring a LISTEN environment with Atlantik are:

1. Creating, collecting and naming all geometric locations (nodes from the underlying Avango-scene-graph)
that are relevant to the environment from the Avango scene-graph in a common lookup-dictionary.

2. Creating and naming all sensor modules, providing them with geometric information from the dictionary in
1. if required. This needs to be done in the environment file, in scheme.

3. The specification of the symbolic representations to be used in the status vector and its connection to the
sensors, the creation of the Chronospheres and the question (‘Atlas Question’) that allows them to retrieve
appropriate content from the database depending on the current contents of the status vector – this step still
requires some abstraction. In future implementations, this authoring process should be integrated into an
authoring metaphor that is more easily grasped than the abstract spatial-temporal concepts endorsed here.

4. The creation of basic audio material – such as sound recordings, synthesis patches, etc.

5. Finally, the audio content can be created and modelled using pre-defined actuator classes. If special
presentations or interactions are wished for, new actuator classes can easily be created. The desired
presentation elements need to simply be entered into a database that is parsed at the start-up-time of the
environment.

Steps 1.-3. require, in the current implementation of the engine, some knowledge about scheme programming.

Step 1 and 2 are referencing the exbition space and its objects, and need to be completed for all newly created
exhibition ‘sites’. Step 3 is only necessary once per ‘type’ of application. Depending on the storyboard planned,
this step can be completely left out if a ‘standard’ setup, a once created template for the spatio-temporal process
of the environment, is used. Once steps 1-4 are completed and understood by the content creator, step 5 is a



Deliverable: D1                            Final Report                                Version: 1.0                             Date of version: 31.12.2003

LISTEN  IST-1999-20646 42

rather simple the process of creating the time-modules by entering them into a database. A ‘hands-on’ example
of authpring a LISTEN environment using the Atlantik infrastructure is given in D6.2.

3.3.1.6 Conclusion

The Atlantik authoring concept has been used in several major demonstrators produced within the LISTEN
project so that some knowledge was gained on its usability. It has shown that the concepts underlying the
creation of an adaptive spatio-temporal narrative structure require a strong ability for imagination and
abstraction from the author. In the demonstrators produced with Atlantik, namely the “Review Demonstrator”
and the “Macke Labor”, the collaborators working on the ‘content’ were not able to use the Atlantik
infrastructure directly, so the implementation had to be done by persons capable of scheme programming and
database handling. This might be overcome once more self-explanatory user interfaces and authoring metaphors
are available, reducing the scope of the entire engine to what is really needed in a specialised application
scenario – this was however somewhat out of the scope of the LISTEN project. For the present state of the
infrastructure, it seems as though the ‘disembodied’ thoughts and concepts as those underlying these narrative
structures are not easily shared among persons from different backgrounds – this may well be one of the
disadvantages of the ‘broad’ approach that Atlantik takes in an attempt to accommodate ‘all’ possible LISTEN
scenarios. However, the territory this creates is worth to be explored regardless, as the products are nevertheless
easily understood. The Atlantik system hints at a more generalised infrastructure for creating an adaptive
continuous time-based presentations from a continuous user input by the extraction of a time-substrate – a topic
that might be of interest for explorative activities also outside the context of the LISTEN project.

3.3.2 ListenSpace

ListenSpace is a set of software components that integrates the LISTEN project at the authoring level. The main
tool is a graphical user interface that allows visualizing and editing the LISTEN scene through a two
dimensional representation (ground-view). In running mode, the scene parameters, i.e. the position of the
moving objects and interaction events such as triggering zones, are sent to the spatialisation audio engine. It also
provides the IRCAM’s Spatialisateur with a geometrical description of the scene and introduces a physical
modelling control as an alternate choice to the original perceptual approach.

3.3.2.1 Objectives

The needs in terms of visualizing and editing the LISTEN scene through a two dimensional representation were
put to evidence at the early stage of the project: neither the scripting user interface nor the three dimensional
representation of a complex virtual reality software such as Avango allow authoring completely and
conveniently the audio augmented reality scene. This is particularly true when the environment has to be
designed by users, which are not necessarily computer scientists such as exhibition curators for instance.

The ListenSpace main objective is therefore to complete the existing authoring tools by a graphical user
interface based on a two dimensional representation of the scene: its goal is to ease the definition and
observation of the geometrical organization of the various virtual components of the scene with respect to the
physical elements and constraints of the environment.

One of the challenging concerns is the mobility aspect related to augmented reality applications, which differs
from conventional authoring situations where the scene is normally designed in advance by a user facing a
standard desktop workstation. In LISTEN, the virtual sound scene cannot be experienced in a meaningful way
without walking through it: thus, the authoring tool needs to be portable in order to allow adjusting the scene
“on site.”

Another requirement is a flexible communication protocol between the different components of the
environment. Indeed, each authoring component developed in the project will provide only a specific
representation of the scene (2D, 3D, time based): connectivity and communication will allow combining these
components in order to provide the necessary multi-representation design environment.

Finally, the ListenSpace application should contribute to ease the control of sound spatialisation in audio content
production contexts, including immersive sound installations and interactive scenario, from binaural rendering
to wave field synthesis reproduction systems.
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Simultaneously, the objectives carried through the development of ListenSpace are also to produce a tool that
participates to research activity, such as improvements of audio rendering systems and algorithms,
psychoacoustics and cognitive experiments dedicated to spatial perception and research on user interfaces,
especially in the context of mobile devices.

3.3.2.2 Description

3.3.2.2.1 Graphical User Interface

The ListenSpace application provides a two-dimensional representation of the scene (see Figure 26), extracted
from a simplified spatial model (vertical walls, constant height of ceiling). The application displays – in the
manner of a top view – the physical and virtual elements that compose the scene. This scene can be visualized
from different standpoints, possibly updated in real time (e.g. centred on the moving listener or author). The
scene is defined and stored in a file format compatible with the other software components of the project
(especially with Avango). ListenSpace is a JAVA application, thus running on various operating systems, and
requires low CPU, which makes it compatible with mobile devices such as tablet PC. See [Delerue, Warusfel,
2003] and [deliverable D3.2] for a more exhaustive description of ListenSpace.

Figure 26: Overview of the ListenSpace application showing main window and tools palettes

3.3.2.2.2 Communications

Because of the existence of several software components, an important aspect of the LISTEN architecture is
based on communications (see Figure 27). A file format definition based on XML specifications allows
exchanging data offline. The XML structure allows building files composed of global, as well as specific,
information that can be either shared by all software components of the project or be used more specifically.
Besides this file system, a network communication protocol based on OSC and the UDP standard has been
defined and allows exchanging real-time messages between applications. At the “authoring” level, ListenSpace
transmits the objects definition so that the scene can be constructed synchronously, if desired, in all the other
connected applications. At the “interaction” level (running mode), ListenSpace sends messages to external
components in order to reflect the update of the objects coordinates as well as various parameters or interaction
events. It also tracks an arbitrary number of listeners (UDP parsers corresponding to Ascension® Flock of Birds
and AR-Tracking® systems have been implemented).
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Figure 27: Illustration of communications between ListenSpace and main LISTEN components (Avango,

Spatialisateur, Tracking system) or ListenSpace peripheral applications (Reactor, SMR & Player, etc.).

3.3.2.2.3 Perceptive versus physical approaches

The IRCAM Spatialisateur is based on a perceptual approach: the different parts that compose the room effect in
the impulse response (early reflections, cluster and late reverberation) are generated by means of a statistical
model controlled via a perceptual interface. In the specific context of audio augmented realities, it can be
interesting to have a more accurate control on the early part of the impulse response in order to refine the
consistency of the audio result with the physical environment and enhance the sensation of immersion
experienced by the listener. For this purpose, a physical model was integrated into ListenSpace: this component
calculates for each source/listener pair the time and spatial distribution of the room boundary reflections up to
the third order. A specific message can then be sent, to the Spatialisateur for instance, in order to render
accurately a restricted number of those reflections in the impulse response.

3.3.2.2.4 Additional external developments

A series of peripheral applications have been developed in order to allow different control modalities such as:
recording and playback of listener or source movements, joystick control of scene elements (position and
orientation). Besides these tools, a general framework called Reactor has been developed in order to integrate
different plug-ins controlling the spatial behaviour of scene elements. Finally, the Sim-J application allows
building test sessions especially dedicated to listening tests. It reuses the ListenSpace communication
components in order to define the test conditions and records the subject’s response and/or behaviour
(navigation data).

3.3.2.3 Evaluation

The evaluation of ListenSpace was performed through a number of laboratory and field test situations described
in the next sections.

3.3.2.3.1 Experiments on spatial perception and cognition)

Two experiments held in collaboration with the CNRS UMR7593 (Hôpital de la Salpêtrière) were conducted in
order to study human spatial perception in multi-sensorial situations. The conditions of these tests were similar
to a typical audio augmented reality listening situation: a subject is exploring a scene composed of a number of
virtual sound sources and is asked to perform a navigation task. The performance is typically estimated from the
observation of the subject's navigation, the ability of the subjects to retrieve a hidden visual or auditory
landmark or to build, afterwards, a representation of the scene. Similarly, a listening test was dedicated to the
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evaluation of the importance of early reflections in the context of audio augmented reality. In this test a number
of virtual sound sources are represented in the physical space by numbered labels: an audio stimulus is presented
to a subject whose task is to guess which labels best fit the position of the sound source he is listening to. These
tests are described and discussed in [deliverable D8.3] and in [Viaud-Delmon, Warusfel 2003], [Viaud-Delmon
& al 2004].

In all these experiments, ListenSpace was used for the authoring of the scene, the transmission of interaction
events and source-listener position messages to the Spatialisateur during the test and, finally, for the recording
of the subject’s behaviour and answers.

3.3.2.3.2 Creation of immersive and interactive sound scene

ListenSpace was first used to author a set of demonstration scenes, which aimed at demonstrating the use of the
interaction with triggering “zone” object. This object delineates areas on the ground and can be used for any
interaction purpose (trigger of a sound event, a sound process, etc.). In the basic examples, the listening zones
were used to control the virtual room acoustic parameters.

A more elaborate scenario has been developed with the composer Cécile Le Prado, for sketching a future
interactive version of her previous musique concrète piece Secrète Lisboa. The piece is based on live recordings,
personal impressions and writer interviews related to the city of Lisbon. The listener is invited to explore a
spatial and interactive remix of the piece.

Finally, ListenSpace has been used as a user interface for controlling sound spatialisation in the context of a
multi-channel audio content using a Wave Field Synthesis reproduction system. The system was used for the
remix of a musical piece from composer Nicolas Verrin. In this context, ListenSpace is used to monitor the
different sound sources corresponding to the different audio-tracks. The scene displayed by ListenSpace
represents simultaneously the location of the virtual sound sources and the physical location of the different
loudspeaker arrays delineating the navigation area. Zone objects are used to specify area relying on different
rendering algorithms specific to WFS technique.

3.3.2.4 Conclusion

During the evaluation sessions the ListenSpace environment showed it’s potential for authoring and managing
augmented reality sound scenes, especially in interaction with the 3D audio engine Spatialisateur and tracking
devices. It was interesting to observe that it can be applied beyond the original scope of the LISTEN project, for
example in the context of complex multi-channel audio production and scientific research domain. Future
developments will focus on integration of the time dimension in order to target a spatio-temporal score of the
sound scene. It could also be beneficial to integrate the interaction with the ListenSoundServer application
developed by FhG-IMK in order handle the corresponding DSP resources when authoring the scene within
ListenSpace. Finally, the coupling of ListenSpace with a rule programming environment such as OpenMusic
seems a promising approach for building a complex interactive musical scenario.

3.4 Rendering

Audio augmented reality, as designed in the context of the LISTEN project, intends to superimpose virtual
sounds to a physical space. Since the audio message is presented over headphones, this implies the use of the
binaural technique, which provides a powerful approach for creating highly immersive and interactive
soundscapes. However, this technique still faces strong difficulties, which reduce its dissemination over a large
public. The section 3.4.1 reports the studies that have been undertaken in order to solve these limitations. This
includes acoustical and morphological measurements (cf. section 3.4.1.1), analysis of inter-individual
differences (cf. section 3.4.1.3), and implementation related optimisations (cf. section 3.4.1.2). Studies on
binaural synthesis were mainly focused on simulating accurately the direct sound as it is recognized to serve as
the main cue to judge the sound event localisation.

Recreating the presence of the source in a closed space also requires taking the room effect into account. More
precisely, a good consistency has to be respected between what is displayed over headphones and what is
perceived from the actual space, possibly through different sensorial modalities. The section 3.4.2 describes the
tools that have been developed in order to ensure this consistency. A set of analysis methods of room impulse
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response measurements was developed by IRCAM for deriving control parameters compatible with the
perceptual control framework of the Spatialisateur. Physical modelling tools were also developed by IRCAM for
taking into account the actual reflection distribution according to the geometrical description of the explored
space.

The section 3.4.2.3 details the options that guided the integration of the rendering tools in the LISTEN
prototypes. According to the LISTEN system architecture, described in deliverables D2.1, D2.2 & D2.3, the
rendering engine is based on an encoder-decoder design. The encoder sound format makes use of different
multi-channel implementations of the binaural sound scene and supports an individualised rendering by use of
listener customized decoding filters. The encoder was written as an ensemble of modules integrated in the
Spatialisateur library under Max/MSP environment. The decoder can be implemented as an independent
software module and was also developed by AKG as a separate hardware described in section 3.4.3.2. During
the LISTEN project it appeared also interesting to maintain compatibility between different rendering
approaches in order to allow mixing audio inputs from various origins: real-time binaural sound sources, pre-
rendered binaural sub-mix or pre-recorded ambiance in Ambisonic format. This ability may serve computer
resource optimisation and even aesthetic concerns.

Finally, as described in the LISTEN project architecture (cf. deliverables D2.1, D2.2 & D2.3), the 3D audio
rendering engine is independent from the world model where the soundscape, scenario and user interactions are
edited. This means that, for each application, the corresponding audio engine has to be reconfigured in order to
handle the corresponding sound-file playback, sound synthesis and signal processing modules such as
spatialisation required by the audio engine. In order to facilitate this task, IMK-Fraunhofer developed a server
application named ListenSoundServer (l.server) running under the audio environment Max/MSP. Using the
scripting and communications features of Max/MSP, l.server allows an external client application, typically
Avango, to allocate dynamically the signal processing resources required for the rendering of the sound scene
(cf. section 3.4.3.3).

3.4.1 Binaural synthesis

In order to give a listener the sensation that a sound source is present at a given position in space, one has to
simulate the sound signal that would reach the listener's ears if a real/physical source were emitting from that
precise location. The use of binaural technique, which consists in displaying these two signals over headphones,
is the usual way to achieve this purpose. The transformation undergone in the propagation medium by the sound
from a given direction of incidence to the ear canal of a human subject is equivalent to a filter and is fully
characterized by the Head-Related Impulse Response (HRIR) or its counterpart in the frequency domain, the
Head-Related Transfer Function (HRTF). For each direction, the simulation of the sound transformation
requires the measurement of a pair of HRIRs (corresponding to left and right ear), which can be then
implemented on a computer by two filters that operate on an incoming anechoic sound signal and feed the
listener's left and right ear (cf. Figure 28).

Figure 28: Two-channel implementation of binaural synthesis

The properties of the sound transformation, and thus of the HRIRs, strongly depend on the shape of listener's
ear, head and torso. The variability of shapes from one subject to another implies that the sound signal that has
to be presented to listener's ear in order to simulate a given sound position is not universal. Thus a high fidelity
binaural audio content or binaural synthesis should be individualized. In order to understand the relationship
between human morphology and HRIRs, both morphological data and HRIRs of a large set of human subjects
have been measured by AKG and IRCAM. A second part of the research was dedicated to analysing the inter-
individual differences of HRIRs, and studying how a binaural audio content would benefit from an individual
adaptation. The implementation of binaural technique has been addressed through different criteria such as
computational cost and individual adaptation. Different multi-channel implementations of the binaural
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encoding/decoding techniques were introduced and described in order to overcome these difficulties.
Nevertheless, these methods require the tuning of many parameters that will govern the localization
performances, implementation cost and inter-individual dependence. Different optimisation methods and tuning
parameters have been proposed.

3.4.1.1 Measurements

The aim of this work is to build a database of a large amount of subjects in order to give access to inter-
individual discrepancies and to further conduct statistical analysis on some relevant quantities. Moreover, as a
first step, the database may be used to propose a given listener to choose among the collection of HRTFs the
best-suited filter bank in order to compute the binaural synthesis.

3.4.1.1.1 Impulse response measurement set-up

Both IRCAM and AKG build a comparable set-up for measuring the subjects HRTFs. A seat fixed to a turntable
in the middle of an arc is designed in order to secure the subject's head at the mid-point of the arc structure. The
turntable is controlled for scanning the azimuth dimension. The elevation control is made possible at AKG by
moving manually the loudspeaker on the arc. At IRCAM, the loudspeaker is fixed to a crane controlled by a
step-by-step motor thus providing a fully automatic measurement session. At AKG the microphones were
mounted in the test person’s ear-channel using a special semi-open structure. IRCAM used a blocked ear canal
protocol with individual ear canal moulding. The typical measurement data is a spherical grid of 187 measuring
points around the listener's head, which represents approximately a measurement session of one hour per
subject. The measurement protocol is widely described in a previous document [Deliverable D4.2] and on the
IRCAM web site [http://www.ircam.fr/equipes/salles/listen].

Measurements will continue in the future and new data will be added to the existing database of HRTFs. These
results are a necessary basis for further research and also product development of next generation headphone
systems. On AKG side this includes the enhancement of binaural algorithms used for the IVA processing as
well as advanced features like head rotation.

For more details on AKG´s IVA technology, visit the AKG homepage at:
[http://www.akg.com/products/product_applications/powerslave,mynodeid,1,nodeid,1,id,10,_language,EN,pid,7
31,_view,technology.html].

           

Figure 29: Measurement set-up build for HRTFs acquisition at AKG(left) and IRCAM(right)
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3.4.1.1.2 Database

HRTFs database

50 people have been measured at IRCAM and 30 at AKG. A subject's measure set consists of ten elevation
angles starting at -45° and ending at +90° with a 15° resolution. The number of azimuth steps per horizontal
rotation varies from 24 to only 1 (90° elevation). Measurement points are always located at the 15° grid, but
with increasing elevation only every second or fourth measurement point is taken into account. As a whole,
there are 187 measurement points. Specific measures where also conducted at IRCAM with dummy heads and
various artificial pinnae using a 5° resolution both in azimuth and elevation.

The database is now public domain and the corresponding HRIRs can be downloaded from IRCAM web site:
[www.ircam.fr/equipes/salles/listen/download.html]. Length of the raw audio files is 8192 points, sampling
frequency is 44100 Hz and quantification is 24 bits. Raw data and diffuse field equalized HRIRs can be found
there in WAV format audio files. Matlab™ files containing structured data are given too.

Morphology database

As part of the HRTF measurement series performed under the LISTEN project, the majority of morphological
parameters proposed in the CIPIC database [interface.cipic.ucdavis.edu/CIL_html/CIL_HRTF_database.htm]
were also collected for the 50 subjects of the IRCAM database (cf. Figure 30). The majority of measurements
were taken from high-resolution digital photographs. A number of parameters were measured with simple
sewing tape. Morphological measures are stored in a XML file with tags corresponding to the CIPIC
morphology-naming scheme. These files can also be downloaded from the IRCAM web site
[www.ircam.fr/equipes/salles/listen/info.html]. The average percentage deviation of our measurements is very
close to the value obtained with CIPIC measurements.

Figure 30: CIPIC database morphological measurements

MATLAB™ toolkit for HRIRs analysis

Provided with the database is a MATLAB™ toolbox, developed at IRCAM and integrating a series of functions
dedicated to the analysis and post-processing of the Head-Related Impulse Responses. Various features were
implemented, which are structured as follows:

- Validation of measurements: signal to noise ratio, visual display, synthesis using unprocessed data.

- Data post-processing: parameter extraction (Inter-aural Time Difference, Inter-aural Level
Difference,...), interpolation and equalization.

- Modelling: Auto-Regressive Moving Average (ARMA) models used for 2 channel real-time synthesis,
multi-channel models based on spatial decomposition.

- Synthesis: convolution based synthesis for generation of test stimuli.
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- Visual display: 2D and 3D views of directional data.

3.4.1.2 Multi-channel format

Binaural synthesis can be implemented through convolution or parametric filters (cf. Figure 28). The related
computational cost may become prohibitive when a large number of sound sources have to be rendered. One
solution to overcome this difficulty consists of sharing a part of the implementation cost between all sound
sources. This is the main purpose of the multi-channel approach for binaural rendering. This approach relies on
a functional model of Head Related Transfer Functions (HRTFs) that separates their spatial- and frequency-
dependent parts, thus allowing a dedicated implementation of binaural rendering (cf. Figure 31). The spatial
dependent part is implemented for each sound source using only gains and delays, resulting in a fixed number of
channels that merge the contributions of all sources in a so called encoded sound scene. The latter is decoded by
a set of shared reconstruction filters that feed listener's ears with binaural content. These filters may be different
for each listener, thus enabling individualization (c.f. Deliverable D4.1).

Figure 31: Multi-channel implementation of binaural synthesis

Various multi-channel implementations of the binaural encoding/decoding techniques were tested during the
LISTEN project. Some of these techniques are based on a statistical analysis (Principal Components Analysis)
of HRTF data. The corresponding implementations were developed under the Max/MSP environment, thus
constituting a test platform for evaluation. From this point, a special effort was done to improve the localization
performances offered by these methods. This resulted in the integration of spatial and frequency weighting into
the statistical analysis process [Rio 2002], which allows concentrating the accuracy of the model on spatial and
frequency domains that are critical for a good auditory localization. Since a large number of parameters have
then to be tuned to perform the best optimisation of the model, several weighting functions and patterns were
designed according to perceptive models, and tested with a localization test [Deliverable D8.2]. This
optimisation method showed significant results, which are described in [Rio 2003]. Figure 32 shows how the
introduction of a frequency warping in the statistical analysis process allows reducing the rate of front/back
confusions during the localization task. With frequency warping, the implementation based on statistical
analysis (PCA) reaches the same performance as the convolution based algorithm. Beyond its ability to optimise
a specific modelling approach, inclusion of spatial and frequency weighting can be generalized to the
computation of distances between sets of HRTFs, either between the original and the modelled sets, like in our
study, or between HRTFs of two or more listeners, thus opening the way to a definition of a multi-dimensional
space of individual HRTFs.
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Figure 32: Influence of frequency warping

Multi-channel encoding/decoding techniques based on statistical analysis require a special attention on the
database on which the analysis is performed, and, as presented in the previous paragraph, a tuning of analysis
parameters is also needed. For the needs of the LISTEN demonstrators, we also considered using a multi-
channel model of HRTFs based on the well-defined spherical harmonics. This technique is a special use case of
the (higher order) Ambisonics technique, and may be considered as a decoding of multi-channel Ambisonics
content over headphones. The main benefit of using Ambisonics comes from the existence of numerous ways to
produce Ambisonics encoded multi-channel content: dedicated microphones, which allow recording live
situations or characterizing room impulse responses and, as well, synthetic panning tools. In this part of the
work, the main need was a pragmatic, user-friendly integration of such techniques inside the LISTEN prototype,
under the form of Max/MSP objects allowing Ambisonics encoding, playback, manipulation, and decoding over
headphones.

3.4.1.3 Individualization

The working assumption of the binaural synthesis is that if, using headphones, one can produce ear-canal
waveforms identical to those produced by a free-field source, the free-field experience will be duplicated.
Synthesis using individualized HRTFs would be the most likely to replicate the free-field experience for a given
listener. However, if virtual sources are to be used in a universal 3D auditory display, it may not be feasible to
measure the HRTFs from each potential listener. Thus, a critical issue for the design of virtual acoustic displays
is the degree to which the general population of listeners can obtain adequate localization cues from stimuli
based on non-individualized HRTFs, which traditionally cause localization bias, front-back confusions and in-
head sensation.

3.4.1.3.1 Inter-individual differences

Inter-subject differences between transfer magnitudes are quantified by a metric that will be referred to as inter-
subject spectral difference. This metric is computed across the frequency scale, and averaged across tested
directions for each pair of subjects. Many different distance definitions can be envisaged. Three of them are
described in a previous document [Deliverable D4.3]. As spectral differences exceed the auditory intensity
threshold, they should be perceived, and position of a sound source can be altered. It is also possible to construct
a geometrical space, which reflects this inter-subject spectral distance. Figure 33 shows the three first
dimensions calculated with a classical MDS model from logarithmic spectral distances between 35 subjects in
the database. In this space, subject 14 is close to the subject 37, which means that the spectral distance between
the HRTFs filter bank of these two subjects is small and suggests that they could "exchange" their HRTFs with
small localization artefacts.
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Figure 33: Euclidean space derived from logarithmic inter-subject spectral distance

In time domain, there are various methods for calculating Inter-aural Time Delay (ITD) differences from the
measured data [Deliverable D4.1]. Using the most robust estimation of the ITD, it can be shown that when a
given subject listens to a binaural synthesis using non-individual ITD, the perceived azimuth of sound sources
can be highly distorted (typically 20°).

3.4.1.3.2 ITD adaptation

The goal is to find a linear combination of relevant morphological parameters, which allows reflecting the ITD
differences among subjects. IRCAM conducted an analysis of the spatial variations of the ITD. This procedure
consists of calculating the ITD of each subject in the database, following which, a principle component analysis
(PCA) is performed, similar to the multi-channel binaural decomposition method using PCA [Deliverable D4.2].
The aim for this approach is to estimate a spatial function of the ITD, which is more closely linked to the actual
ITD of humans than the trigonometric function used by Algazi. The results of the PCA provide both a spatial
function and the scaling factors for each individual. Only the first PCA component has been used. The spatial
function shows obvious anomalies that are linked to the basic differences between human morphology and a
simple ellipsoid. Linked to the spatial function is a series of weighting factors for each individual. A least-mean-
squared approximation was calculated between the head circumference and the calculated individual weighting
function. The result is given as

wf = 6.4586 + 0.0162 x head_circumference (in mm).

To justify this choice, several prediction methods, including some given in the literature, were evaluated
regarding their ability to predict the ITD of subjects in the database. A comparison of these various methods to
the measured ITD is presented in Figure 34. This figure presents the root of mean of the squared error between
the measured and the predicted ITD. The results are presented for each subject, in increasing error relative to the
PCA model. It is readily apparent that the PCA method provides the best ITD estimation results in comparison
to the other methods. In addition, the morphological model based on the PCA spatial function (red curve)
provides the next best estimation. These results are reported in [Deliverable D4.3]. Good prediction
performances were also obtained when applying the method for a "blind" estimation of the ITD functions of
randomly chosen subjects temporary removed from the database. To summarize, the improvement using the
PCA spatial function over the Algazi method is clear, with a clear reduction in mean error on the order of 10
microseconds. In addition, the practical aspects of measuring the circumference of the head are far simpler than
those needed for accurately measuring the height, width, and depth of the head in a repeatable manner. It is
readily imaginable that the head circumference measurement could be easily implemented into the LISTEN
system welcome desk without introducing any serious inconvenience.
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Figure 34: Mean-squared error of ITD prediction schemes

3.4.2 Room Simulation

Audio augmented reality applications such as LISTEN may require a control on the coherence between what is
displayed on the headphones of the listener and what is perceived from the real world, especially through visual
and idiothetic cues (cues generated through self-motion). When desired, this asks for methods allowing to
simulate accurately the actual acoustical behaviour of the room where listeners are navigating in order to ensure
the inter-consistency between the sensorial modalities. Different approaches have been studied and developed
(cf. Figure 35). The first one, derived from previous knowledge consists in controlling the conventional
Spatialisateur engine with perceptual parameters computed from the analysis of a series of room impulse
responses measured on-site. Its application is described in section 3.4.2.1. The second approach relies on the
physical modelling of the acoustical properties of the room, given its numerical architecture description. It
requires the use of so-called geometrical models, such as mirror-sources or radiosity, in order to compute the
corresponding room response. The physical modelling developments realised at IRCAM during the LISTEN
project are described in section 3.4.2.2. Last, a combined version has also been introduced, where the perceptual
parameters are derived from measured impulse response as in the first approach or even imposed by the user;
however the model is completed by a reflection pattern computed from the geometry of the actual space in order
to ensure that the early part of the room effect is connected to the acoustical reality.

Figure 35: Different room acoustics modelling approaches used in LISTEN
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3.4.2.1 Perceptual model derived from a measured room impulse response

As described in [Jot 97], the reverberation decay of a room impulse response can be described by a statistical
time-frequency model, in which the later part is modelled by an exponentially decaying Gaussian random noise.
It is shown that this model can be considered to describe diffuse reverberation decay by two functions of
frequency: the reverberation time and the initial power spectrum. These two quantities related respectively to the
room behaviour and to the transducer characteristics represent key factors for deriving the perceptual
characterisation of the room effect that will be simulated by the Spatialisateur engine. Jot introduced a time-
frequency representation particularly relevant to room responses and the characterization of room acoustical
quality, the Energy Decay Relief (EDR). The development of a practical computational procedure for the EDR
analysis of measured impulse responses allows an accurate estimation of the time distribution of the energy
from which are derived the perceptual parameters.

Figure 36: Analysis of a room impulse response and export of associated

perceptual parameters with the RAT Matlab toolbox developed at IRCAM

An analysis/synthesis toolbox developed at IRCAM and based on the EDR analysis procedure and the stochastic
time-frequency reverberation model, allows deriving the parameters of the reverberation algorithm from
measured impulse responses. Figure 36 illustrates the analysis of a room impulse response which provides an
estimation of the reverberation time and power spectrum with high frequency resolution. These quantities,
together with the time distribution of energy may be then reduced in frequency bands according to the chosen
cross-over frequencies used in the Spat~ implementation. The simplified energy distribution and the
corresponding set of perceptual parameters may be then exported to the Spat~ as text files. The same time-
frequency analysis model also provides an efficient way to conduct the denoising of the impulse response,
which can then be used for an off-line or a real time convolution process.

Several room impulse response measurement sessions were conducted during the LISTEN project in order to
validate the method. This allows for example to draw an acoustical map of a given space for a given source
location. This possibility is illustrated on Figure 37 in the case of the acoustical characterization of the museum
space dedicated to the “Raumfaltung” exhibition. The figure shows the different source and microphone
locations that were used to build the preset database. Once analysed and exported as Spat~ presets, the different
configurations may be selected in a menu and sent to the Spat~ perceptual user interface (Spat_Oper). An
interpolation process can be used on the corresponding perceptual parameters in order to ensure a smooth
transition between the different presets.

This procedure was also used to compare the situations rendered with the convolution process and their
simulation with the Spat~, both in binaural or ambisonic measurement/synthesis situations. Although informal,
the comparison tests shown good agreement between the Spat~ simulation and the convolution process, which
can be considered as the reference situation. Especially, the general timbre signature of the hall was faithfully
rendered. However, when comparing the binaural convolution with the Spat~ simulations a localisation blur
could be noticed on the simulation, even when using individual HRTFs. It is assumed that this distortion is
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related to the arbitrary designed pattern of first reflections used in the Spat~. This could confirm the need for a
realistic simulation of the early part of the room impulse response as proposed in section 3.4.2.3.

                

Figure 37: Selection of a SpatOPer preset derived from room impulse

measurements collected in the “Raumfaltung" exhibition space at KMB

3.4.2.2  Physical modelling

The physical modelling consists in applying propagation laws of acoustics and room boundary reflection models
in order to estimate the room response. Input data are the numerical model of the room architecture, the
description of the acoustical properties of its boundaries (absorption and diffusion coefficients), and the
definition of the source and receiver locations and acoustical properties (directivity). Depending on the physical
dimension handled by the models (energy or pressure) the output may take the form of an impulse response or a
parametric description of its associated time/frequency/spatial distribution. In our case, as the rendering engine
is relying on a generic room effect model, based on a simplified representation of the energy distribution, the
approach consists in computing the parameters of this distribution and then in sending these parameters to the
Spat rendering engine. These parameters generally take the form of energy associated to a limited frequency
band and time section. It is also possible to send a more detailed description of the spatial distribution of early
reflection contributions in order to refine the model.

3.4.2.2.1 VASR application programming interface

The physical model developed at IRCAM is based on a collection of well known geometrical methods, such as
mirror sources and radiosity models. Both are particularly suited for virtual reality and interactive contexts
because they rely on a state-representation of the acoustical behaviour. Typically, as long as the room shape is
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not modified, and if, for example, the sources are static, the behaviour of the room may be pre-computed and
stored in the mirror-sources tree. Then, the update of the room effect captured by the receiver only needs to re-
calculate the way it sees the different mirror sources contributions according to its current location and
orientation. The same principle applies for the late reverberation contribution handled by the radiosity model.

In order to facilitate the use of such physical model in virtual reality environments, it was decided to port a
library of physical models previously developed at IRCAM in the form of an API. This API called VASR
(Virtual Audio Scene Rendering) is implemented in C. The main development concerns were:

- maintaining scalability of the rendering according to the available computation resources,

- sequencing of methods (e.g. computation of the different orders of the mirror sources tree, transfer
of information between the modules respectively dedicated to the early and to the late room
contributions) and calculation parallelism,

- allowing independent update rates in order to focus on real-time following of direct sound
contributions, responsible for localisation effect, and lower rates for the late contribution which are
generally less sensitive to the geometrical modification of the transducers (source or receiver).

The VASR API handles different acoustical models especially regarding the estimation of the late reverberation
part. A simple model such as Sabine's analytical formula, which links the reverberation time to global variables
of the room (i.e. the volume and the total absorption quantity) can be used when computation resources are low.
However, more accurate models, such as radiosity, are preferable for contexts with complex room geometry.
The main implemented models are:

- direct sound according to directivity, with occlusion detection (further implementation will take
into account the diffraction),

- early reflection with mirror source model,

- statistical reverberation model (Sabine),

- radiosity model with transfer from the mirror source process.

The VASR API is written in C, which is the most adapted language for real time applications. Moreover, it is
also often required when integrating modules as plug-in or external objects. The library provides tools and
structures for:

- storing and manipulation of the environment data,

- import of 3D environments (e.g. 3DSMax),

- geometrical calculations,

- acoustical algorithms,

- parallel computation.

3.4.2.2.1.1 Application to a virtual reality development environment

In order to test the API, an integration example was developed, choosing the Virtools™ environment.
Virtools™ application is dedicated to game as well as web developers. It provides a development tool for
creating interactive applications. The basic idea consists in importing predefined 3D worlds and objects and in
associating to them behaviours that will govern lighting, collision detection, physical modelling, user
interaction, etc… One of the main features is that the interaction scenario may be developed by non-
programmers thanks to a graphical user interface similar to Max/MSP environment. Each behaviour is
represented as a building block that can be linked to others in order to share or communicate data such as object
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coordinates, user interaction events, etc…). In the manner of Max/MSP, the user may program its one behaviour
either under the form of a graphical patch or as an external C written module.

Figure 38.a

           

Figure 38.b Figure 38.c

Figure 38: Integration of the physical modelling into the virtual reality environment

Virtools™. a) Virtools™ workspace showing the acoustical building blocks used to build the

physical modelling engine. b) Max/MSP patch showing a Spat~ module controlled by remote

messages received from Virtools™. c) parsing of the messages describing the room effect.

The VASR API was used to create a collection of acoustical building blocks allowing to handle the acoustical
behaviour of the represented 3D space. Figure 38 shows an exploitation of these building blocks. Figure 38.a
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corresponds to the Virtools™ workspace including the 3D world model and the construction of the scene graph
of the physical modelling engine designed for the application. One can see the building blocks dedicated to the
definition of the input data (surfaces, room, receiver, sources), and the building blocks instantiated for the
computation of the direct sound, image-sources and statistical reverberation. The different building blocks
receive events (keyboard user interaction) that trigger the acoustical calculation. Internal settings allow sampling
these events in order to scale the reactivity of the scene. The output of the acoustical modules are transmitted to
a communication box that sends the results to the Spat~ under the OSC protocol.

3.4.2.3 Hybrid approach: control of the first reflections pattern

As described in the deliverable D3.2, ListenSpace provides a real time calculation of early reflections based on
the geometrical description of the physical space. As the geometrical representation is not a real 3D world (2D
plus a ceiling with constant height) a full physical simulation would not be consistent. However, the idea is to
provide a plausible pattern of first reflections, updated in real time and coherent with the global shape of the real
space. This pattern is sent to the Spatialisateur under OSC protocol. An original idea has been implemented in
order to govern the selection of the first reflections that will actually be simulated by the Spat~. As a matter of
fact, the current implementation of the Spat~ only allows the simulation of a limited number of reflections.
However, in a mid size space a very large number of reflections will already occur in the early section of the
room response. The selection of the reflections that will be actually used for the simulation is driven through
weighting decision criteria according to the earliness or to various directional parameters of the reflections. It is
then interesting to study the perceptual consequences of this selection process. Although based on a realistic
calculation of the reflection pattern it allows to reveal or to mask the acoustical properties of the room, such as
emphasis on the envelopment, apparent width or distance sensations.

Figure 39: A view of ListenSpace showing the first reflections calculation and

selection in order to drive the early reflection module of the Spat~

3.4.3 Integration

3.4.3.1 Encoding formats – Rendering Stage A

Designing complex sound scenes supposes various levels of content. The strategy we chose consisted in
applying various levels of rendering depending on the nature of the source. Thus, good scalable compromises
could be done between computation load and rendering quality. For instance, a foreground voice may need a 2
channel binaural implementation for maximum precision. On the contrary, ambient sounds can bear being
rendered using low order Ambisonics. Furthermore, for aesthetic reasons, some materials could eventually be
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designed for an in-head sensation (monophonic). Considering the possible mixing between the various rendering
techniques that were envisioned, the final prototypes included several features:

- Mono sounds, i.e. without spatialisation

- Conventional stereo, with implementation of time and intensity differences

- True binaural rendering, either processed in real-time, or pre-processed

- pre-recorded or pre-processed ambisonics sound scenes, with possible sound incrustations

A specific work was performed on Ambisonics encoding, manipulation, decoding objects in the Max/MSP
environment, in order to fit the requirements of augmented reality (compensation of listener's head motion,
decoding over headphones).

The multi-channel approach assumes a separation of encoding (delays and gains) and decoding (filtering). This
way, decoding (the shared part of the rendering) can be processed on a separate machine, thus reducing the
computational load of the main rendering stage. Regarding this point, an objective of the LISTEN project was to
fully integrate this rendering design, and validate it. For this purpose, the AKG DSP platform allowed 6
channels as inputs: 4 of those were intended to receive Ambisonics channels that were internally decoded for
headphone display, the remaining 2 channels being bypassed and sent directly to listener's ears. The Ambisonics
encoding of sound sources mixed with pre-recorded Ambisonics material played back on the Max/MSP side in
association with AKG hardware implementing the decoding filters was validated as a fully functional design.

A soundscape example using such mixed approach is depicted in Figure 40. It corresponds to an audio-visual
virtual reality scene representing an urban environment where listeners are invited to navigate. The authoring of
sound and interaction was edited within the ListenSpace environment. On the one hand, several binaurally
rendered monophonic sources are put at precise locations. The corresponding sound events are triggered when
the listener enters in the close surrounding. On the other hand, several Ambisonics sound scenes are added to the
soundscape. These scenes, issued from recording performed in a urban environment, corresponded well to the
visual landscape: birds in the neighbourhood of a garden, harbour activity, traffic under a bridge, factory…
These binaurally decoded Ambisonics sound scenes covered the whole town, so that the subject was at least
surrounded by one of a sound ambiance, or in a cross-fade region between two sound scenes. Thanks to the
properties of Ambisonic format, this ambiance could still be manipulated according to the relative position of
the moving listener.
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Figure 40: View of the authoring environment

3.4.3.2 AKG Decoding Hardware – Rendering Stage B

A mixed-mode algorithm was implemented on the DSP reserved for audio processing, with four mono channels
for a multi-channel format signal and a stereo input available (see Figure 41). The encoder (Rendering Stage A)
provides the spatial information in a universal multi-channel format. A four-channel Ambisonic B format was
used in the LISTEN environment. The decoder (Rendering Stage B) comprises a set of filters that transform the
multi-channel encoding format into a two-channel binaural format. Partner IRCAM specified this filter set by
conducting several listening tests with the measured HRTF data. After decoding, the two-channel binaural
signal can be mixed with the available stereo signal. This signal depicts the binaurally rendered audio scene,
which is first encoded and then transmitted to the headphones.
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Figure 41: Audio Path on DSP Platform

3.4.3.3 ListenSoundServer

The ListenSoundServer (l.server) is the system component where the actual production and rendering of the
virtual soundscape elements takes place. A client, the world model implemented in Avango, controls the server
process via a protocol based on the OpenSoundControl protocol (OSC). The l-sound-server-class defined in the
world model (cf. section 3.2.1.4), acts as interface between these two system components. The
ListenSoundServer produces the virtual soundscape up to and including rendering stage A, feeding rendering
stage B with the necessary signals. Also, the ListenSoundServer manages the more general-purpose sound
synthesis and sound transformation tasks needed to produce the source signals to be spatialised, including the
handling of sound files streamed from disk and sound samples stored in the memory of the ListenSoundServer.

The ListenSoundServer is being implemented in Max4/MSP2 (cf. http://www.cycling74.com/) on the Macintosh
platform. The current version of Max/MSP is, at the time being, the only software platform providing the
required functionalities to implement the ListenSoundServer. These functionalities mainly concern the scripting
capabilities, certain DSP resource management features, and the inclusion of the OSC protocol for internal and
external communication via tagged messages.

3.4.3.3.1 ListenSoundServer architecture

The ListenSoundServer can be seen as constituted by three distinct domains, two of which being represented in
the Max/MSP environment by one of the two main ListenSoundServer windows. There is, to begin with, what
could be called the administrative domain, linked to the ListenSoundServer main patcher window shown above,
which holds all needed abstractions for the reception and administration of messages, as well as for the
management of modules and for other secondary administrative tasks for debugging or user-information
purposes. There is, next, the signal processing domain, linked to the so-called modules window, and where all
signal processing for the production and spatialisation of sounds effectively takes place. The third domain, in
essence not part of the ListenSoundServer architecture but of no lesser importance, is a library of functions and
module abstractions, which constitute a default, but generous and self-sufficient, data-base for the construction
of the signal processing patches.
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By default, at startup time, the signal processing domain is empty, that is, there is no signal processing patch
loaded and the modules window will contain no abstractions. The client sends, via special coded messages
according to a certain protocol, the commands to instantiate, connect, parameterise and run the modules that will
be allocated in the modules window. All subsequent commands for refreshment of control parameters, as well as
the tracking data arrive to the ListenSoundServer following the same protocol of communication. Thus,
messages with their protocol of communication and modules constitute the two key components for the
architecture of the ListenSoundServer.

3.4.3.3.2 Modules

A module is an object implemented in the extension language of the ListenSoundServer (a Max/MSP
abstraction), which encapsulates a network of signal processing and control nodes. Such a network can be very
simple (such as a sound file player) or rather complex (such as the Spat~). Modules are identified in the
ListenSoundServer by unique names specified by the client and can be addressed via these names, furthermore,
they can be connected via dynamically patchable signal and control message links. A typical configuration of
modules would be a signal source (e.g. a sound file player) connected to a spatialisation module (e.g. a Spat~).
Both the sound file player and the spatialisation module would be controlled by the world model (e.g. starting
and stopping of sound file, changing relative position of source and listener).

The ListenSoundServer handles the rendering requests of the user model dynamically. When a sound source has
to be rendered, corresponding modules are allocated in the ListenSoundServer and controlled via the
ListenSoundServer protocol described in detail below (cf. section 3.4.3.3.4.1). The modules are the smallest
dynamically loadable units of the l. server. However, for real-time performance reasons (operation without
audible interruptions or delays in the audio signal stream) it might be necessary to pre-allocate and initialise
modules at system start-up time and only activate them (as opposed to instantiate and initialise them) upon
request. It is assumed, therefore, that at initialisation time a “larger” number of modules will be loaded; modules
that will be used independently at different moments, or situations, when running the LISTEN application. Thus,
modules must allow for a complete deactivation when not used; that is, a state in which no signal processing or
other server resources than memory are consumed by the loaded module. This activation/deactivation
mechanism is managed, in MSP, by means of the poly~ object, which, in point of fact, was originally, conceived
as an object to instantiate several abstractions of the same type (sometimes also called voices in analogy to the
term used in polyphonic synthesizers). The reason for this functional mutation is that poly~ (as suggested by
David Zicarelly from Cycling74) is the only Max4/MSP2 object that guarantees complete voice inactivity when
muted.

3.4.3.3.3 Module architecture

Each module, encapsulated in a generic abstraction which ensures communication to the ListenSoundServer
message bus, is a structure composed of three patcher files: the toplevel file (postfixed .m), the poly file
(postfixed .p) and the inspector file (postfixed .i). The toplevel file contains the generic control logic of a
module, including routing of messages, definition of communication links, instantiation of poly and inspector
abstractions, and so on. When loaded, this abstraction is provided (by the client) with a module name passed as
first init argument; this name is used, amongst other things, to prefix the communication port link names.
Depending on the module definition, it can expect a variable number of other optional/obligatory init arguments,
which can serve, for instance, to initialise parameters of the signal processing abstractions involved. The poly
abstraction contains the signal processing objects of the corresponding module, encapsulated in a poly~ object
for the reasons mentioned above. The inspector abstraction allows, as its name clearly indicates, to inspect, that
is, to display and interactively manipulate the parameter values of the given module. A message to open the
inspector windows is provided so that the world model can decide which modules to inspect in the
ListenSoundServer during debugging and testing sessions. This message can be activated also from the
ListenSoundServer main patcher window.

The library of module abstractions contains at the time being around 150 of these. Each one is complemented
with a help file which instantiates and initialises all modules required to run an example of its functionalities.
Annex I shows the state of the art in the implementation of the ListenSoundServer by means of one such help
file.
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3.4.3.3.4 Messages

One of the main requirements in the design of the ListenSoundServer was the capability of being controlled with
a scripting language, since it is in fact the world model of each LISTEN application what would actually
initialise and run the whole process. Furthermore, the tracking data depicting the position and orientation of the
listeners has to arrive to the rendering mechanisms with a constant flow. The communication protocol and the
administration of message communication was therefore a main concern in its design. The ListenSoundServer
implements one such strategy of message communication with a protocol which will be presently described.
Messages can be incoming from an UDP or TCP port, or be sent from within any abstraction in the Max/MSP
environment, allowing also for autonomous execution, something which is important for the design and test
phases in the building of modules. Currently, there are three message types defined in the ListenSoundServer:
server messages, module messages, and tracking messages.

3.4.3.3.4.1 Protocol

The protocol used to control the ListenSoundServer is based on the OpenSoundControl (OSC) protocol. OSC is
a new protocol for high-level, expressive control of sound synthesis and other multimedia applications. It
includes time-tagged messages, guaranteed atomicity of messages with the same time tag, and regular
expression address patterns that can match multiple messages in a receiving application. It has been developed
at Center for New Music and Audio Technologies (CNMAT), Berkeley University
(http://www.cnmat.berkeley.edu/OSC). Currently the ListenSoundServer protocol is unidirectional (client ->
server).

3.4.3.3.4.2 Server messages

Server messages include two type of messages: the ‘dsp’ messages, used to turn on and off the dsp processing,
and the ‘mod’ messages, used to allocate and deallocate modules.

The ‘dsp’ message takes the following form:

/ser/dsp/on <val>

where <val>=1 turns on, and <val>=0 turns off the dsp processing.

A module manager unit in the ListenSoundServer processes the ‘mod’ messages and loads and frees them as
requested. The ‘new’ message is used to allocate and name a module and the ‘delete’ message allows to
deallocate an existing module. The module manager makes sure that no two modules with the same name can be
created in order to keep the module name space consistent. Requests for module names already in use are
cancelled and an error is signalled.

The ‘new’ message takes the following form:

/ser/mod/new <module-type> <module-name> {<init-parameters>}

Consider the following example of allocating a module of type l.adc2.m (which is a stereo analogue-to-
digital converter module, e.g. used to feed a live stereo signal into the ListenSoundServer) named adc. There
are no initialisation parameters necessary for this module type.

/ser/mod/new l.adc2.m adc

Another example shows the use of initialisation parameters for the allocation and configuration of a Spat~
module named spat1 (of type l.spat.m):

/ser/mod/new l.spat.m spat1 1Da 8c 2b 0

The ‘delete’ message takes one of the following forms:

/ser/mod/deleteall
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which would delete all allocated modules, and

/ser/mod/delete <module-name>

which would only delete the module of name <module-name>. As an example consider the following message,
which will delete the l.adc2.m module named adc created in the example above:

/ser/mod/delete adc

3.4.3.3.4.3 Module messages

Module messages are control messages addressed to existing modules. They take the following general form:

/msg/<module-name>/<msg-type>/<addrA>/<addrB>/…/<addrZ> <p1> <p2> … <pN>

There are two types of module messages: (1) control messages, to activate/deactivate the module, control the
inspector functionalities and other administrative tasks, and (2) parameter messages, to update sound processing
parameters or to configure module communication links.

Control messages take the following forms:

/msg/<module-name>/ctl/on <1/0> to activate/deactivate the module.

/msg/<modules-name>/inspect/window <open/close> to open/close the inspector window.

/msg/<modules-name>/inspect/display <1/0> to activate/deactivate the display of parameter

values in the inspector window.

/msg/<module-name>/ctl/transcript <1/0> to activate/deactivate a debugging mechanism

which prints the received parameter values on

the Max/MSP main window.

From the parameter messages, a special class concerns those used to configure the module communication links,
which take the general form:

/msg/<module-name>/par/io/<inN/outN> <val>

Thus, the message for connecting the signal output (output 1) of a module named adc with the input 1 of a
module named dac (e.g. to echo the input signal on the ListenSoundServer's output) would look like the
following (note that communication link names are global in the ListenSoundServer – the default naming
scheme includes the module name):

/msg/adc/par/io/out1 dac-in1

Other than those related to communication links, the most frequent module messages are parameter update
messages, which can take any form defined by the module (built by a combination of hierarchical OSC address
specifyers and a free number parameters).

As an example consider a message setting the perceptual room acoustic parameter "envelopment" in a Spat~
module named spat1 to the value 20:

/msg/spat1/par/Perceptual/Room/Envelopment 20

Another typical example shows a message updating the position and orientation of the sound source rendered by
a Spat~ module named spat1 again (the data format of this message is identical to the tracking message
/pose – cf. section 3.4.3.3.4.4)

/msg/spat1/par/face 3.2 5.1 1.6 -42.0 10.0 0.0
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3.4.3.3.4.4 Tracking messages

Tracking data may come from two different sources. Either it is sent from Avango through the established UDP
port for general communication between Avango and the ListenSoundServer, or from the tracking system,
which uses a special UDP port set up for that specific purpose. Both sources finally result in one only type of
message, the pose message. The contents of the pose message can be received by any object in the environment
which needs to react to changes of the user position and orientation (e.g. a Spat~ module), since it is broadcasted
to the whole environment by being translated into a global internal message named l.pose.

The tracking message which contains the tracking data communicates the current absolute position and
orientation of the listener in the world model to the ListenSoundServer. The messages take the following form:

/pose <x> <y> <z> <yaw> <pitch> <roll>

The data format is floating point and the units are meters (<x>, <y>, and <z>) and degrees (<yaw>, <pitch>, and
<roll>; -180 to 180, 0 meaning +y, increasing counter-clockwise).

There are two other tracking messages, which serve to select the source from which the tracking data will be
taken, and to set a position offset to be added to the position values received by the tracking data. They take the
forms:

/dtrack/direct-pose <1/0> to select dtrack/avango

/dtrack/offset <x> <y> <z>

A brief overview of the current implementation of the ListenSoundServer can be found in Annex I of this
document). The description follows a module help patch to show the main functionalities through its windows.

3.4.3.3.5 Example

As an example, Figure 42 shows an overview of the windows present in the ListenSoundServer when a simple
help patch for the monofile abstraction modules has been loaded. At the left bottom we can distinguish the
ListenSoundServer main window. At the right, in the background, the large window is the modules window,
with only two modules allocated; those which have been loaded by the monofilex.help patch. The other three
windows correspond to the two inspector windows (for the dac and the monofilex modules), and the help
scripting patch.
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Figure 42: Overview of ListenSoundServer windows with loaded test patch

The ListenSoundServer main patcher window, Figure 43, shows the message flow of the OSC messages
received by the server. The message flow can be interrupted for testing purposes (mute OSC messages) and all
messages received can be recorded for debugging purposes (object l.msgtranscript). ). Test messages
from within the ListenSoundServer can be sent to the receiving objects named x and l.server. The
l.msgfreq object allows measuring the message frequency in messages per second.

Figure 43: The ListenSoundServer main patcher window
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The pose/verbose patcher shown in Figure 44 processes the /pose message as explained in section 3.4.3.3.4.4.

Figure 44: Patcher verbose/pose

The rest of the patch shows the basic ListenSoundServer message routing mechanism which distinguishes
server, module and dtrack messages as described in section 3.4.3.3.4 . The "manager" patch implements the
module manager and treats the server module messages (/ser/mod/… cf. section 3.4.3.3.4.3). The dtrack patcher
contains the udp in-port for the dtrack messages, and several tracking administrative units, including the
/dtrack/direct-pose and /dtrack/offset mechanisms (cf. section 3.4.3.3.4.4).

The monofilex help patch, shown in Figure 45, shows typical messages to instantiate and parameterise a
module. In this case the help file corresponds to the module that implements a mono-soundfile player,
l.monofilex.m.

Figure 45: The monofile help window

Figure 46 shows the l.module abstraction: a generic abstraction encapsulating all allocated modules, which
implements the connection to the ListenSoundServer message protocol.

Figure 46: The l.module abstraction window
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The top-level abstraction of the specific module allocated in this case is shown in Figure 47. It can be clearly
distinguished the poly~ object containing the signal processing abstraction (l.monofilex.p) with only one
argument in this case, the name of the object. Above one can see the inspector abstraction (l.monofilex.i). The
received messages go first through the inspector abstraction, and then are parsed according to their types, by
means of the OSC-route modules. In this example, a monofile player, there is only one module communication
link implemented, out1.

Figure 47: The monofile module top-level abstraction

The actual signal processing abstraction (l.monofile.p) is shown in Figure 48. As can be clearly seen, the
ListenSoundServer module encapsulates the Max/MSP abstraction to read soundfiles (sfplay~, at the bottom
left), with a set of functionalities to better control its behaviour.

Figure 48: The monofile poly abstraction

To end this brief overview of the ListenSoundServer, Figure 49 shows a typical inspector window; in this case
the inspector corresponding to our example, the mono soundfile player. In it every parameter can be displayed
and set independently.
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Figure 49: The monofile inspector abstraction

3.5 Headphones

The LISTEN wireless headphones are radio-based with digital RF transmission, using state-of-the art
technology – like digital antenna diversity and PLL – to achieve high-quality audio transmission. The acoustic
design is based on the AKG studio headphone K240 and represents a high-end product intended for studio and
consumer use. Seen as a whole, the wireless headphones developed are very comfortable to wear and produce
audio quality comparable to wired headphones.

3.5.1 Implementation

3.5.1.1 Wireless Headphones

The LISTEN wireless headphone (see Figure 50 and Figure 51) is radio-based with digital RF transmission
using digital antenna diversity and PLL. 2 AAA batteries can be fast-charged within less than 2 hours. It is very
comfortable to wear and produces audio quality comparable to wired headphones. The acoustic design is based
on the AKG studio-headphone K240 and represents a high-end product intended for studio and consumer use.
The new XXL transducer is used for higher efficiency. This dynamic receiver capsule is optimised for accurate
response at very high playback levels. The capsule is highly efficient and has a very good frequency response.
Excellent performance can be achieved by a special diaphragm and a perfectly linear magnetic field. With
regard to electronics, two bridge-connected amplifiers are used in conjunction with a DC-DC converter for
powerful amplification and, consequently, a high sound-pressure level. The circumaural, leather ear pads ensure
good wearing comfort. They are removable and can therefore be changed easily. Combined with the self-
adjusting headband (patented by AKG) and the flexible mounting of the ear-cups, the headphone adapts to any
head shape instantly.
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Figure 50: Headphones Final Prototype

Figure 51: LISTEN headphones

3.5.1.2 Tracking Unit

A plastic housing was constructed for the electronic components of the tracking unit. This small box is located
on the headband of the headphone. The final tracking unit can be seen in detail in Figure 52 and the complete
LISTEN headphones in Figure 53.
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Figure 52: Tracking unit mounted on headphone

Figure 53: LISTEN headphones

3.5.1.3 DSP Platform

The DSP platform integrates audio rendering, audio encoding and RF transmission in one unit. The core of this
hardware is a double DSP system. One DSP is reserved entirely for audio rendering (or any audio processing)
while the second DSP manages audio encoding and transmission as well as all communication with peripherals
such as audio inputs and outputs.

The audio interface includes:

• 8 digital (via SPDIF) or analogue input channels

• 2 digital output channels (via SPDIF)

• 1 headphone output
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The 24 x 2 LCD display and 4 push buttons offer the possibility to check the system status (e.g. transmission
frequency, software version, etc.) and compare different set-ups with ease. Connection to other devices is via
serial interface. This interface enables communication with a tracking system, for example. Alternatively the
programming of both DSPs is also carried out via the serial interface. The hardware for RF transmission is
located on a separate interchangeable print mounted on the DSP platform, enabling easy changing of the
modulation method (Figure 55). Despite the number of functions, it proved possible to design the DSP platform
to fit into a 19” rack case (Figure 54 and Figure 56). A separate transmitter is needed for each wireless
headphone channel. All processed signals are then combined using a power combiner and amplified (Figure 56
and Figure 57). A single antenna is used to transmit the summed RF signal.

Figure 54: DSP platform – main board

Figure 55: DSP platform – RF sub-print
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Figure 56: DSP platform: front panel

Figure 57: DSP platform: rear panel, cabling

3.5.1.4 Sound Pick-Up System

When listening to a virtual soundscape displayed by headphones, users may feel locked up in an auditory sphere
which would cut them off from the real auditory space and from communication with other listeners. In this
context, the aim of the sound pick-up is to first reinforce the presence of the real auditory spaces and then
provide a means to connect the real and virtual auditory spaces. In other words, the goal is to artificially re-
create an acoustic transparency of headphones, while ensuring the consistency of the two spaces. This can be
achieved by picking up the ambient sound and mixing it with the virtual scene, which will be displayed, to
users.

After intensive preliminary studies, we took the decision to implement two omni-directional microphones – one
microphone mounted on each ear cup (Figure 57). This set-up enables good left-right localization and, therefore,
a comfortable room feeling. The mounting situation is very critical and, due to the limited space within the ear-
cups, the use of a small electret capsule was the best choice (Figure 58). The microphone signal is first amplified
(amplifier – see Figure 59) and then mixed with the virtual scene – which is received by the headphones as a
rendered audio stereo signal.

To enable the mixing of ambient sound with the virtual scene, the “Balance” potentiometer was replaced by a
normal stereo potentiometer. The user can change the amount of ambience from no ambient signal up to a
certain level compared with the normal audio signal (virtual scene). This ratio was determined once in each of
several hearing tests.

Figure 58: Sound Pick-Up System – outside
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Figure 59: Amplifier – mounted PCB

3.5.2 Conclusion

The headphones developed within the LISTEN project represent an absolutely top-level, hi-fi headphone
system. In addition to the completely up-to-date electronics, the excellent AKG acoustic design makes these
headphones a unique experience. The DSP platform can be seen as an absolutely freely configurable and
programmable radio transmitter. The developments initiated – especially in terms of audio rendering – will
continue together with the newly designed HRTF measurement set-up.

The products referred to below are equipped with product features developed within and for the LISTEN
project. They are almost identical to the LISTEN headphones in mechanical and electronic terms. Different
colouring and lettering are applied. The following features, tested within the LISTEN demonstrator application,
are integrated into the headphone system:

• Two-antenna digital diversity system for wireless transmission

• Fast charging unit: the headphones can be charged in less than 2 hours

• Balance Control: to allow asymmetrical volume distribution over both audio channels for persons with
impaired hearing

• Soft mute function: to eliminate disturbing noise when connection to the transmitter is lost or when the
channel selector switches are actuated.

• Direct channel selection makes it more convenient and quicker to establish the right connection with
the transmitter unit.

3.5.2.1 HEARO 999 AUDIOSPHERE II

The new HEARO 999 AUDIOSPHERE II (Figure 60) was introduced onto the market in September 2003 at the
IFA Berlin (Internationale Funkausstellung Berlin). The HEARO 999 AUDIOSPHERE II incorporates the best
of today’s wireless headphone technology. In addition to first-rate high-end wireless headphones, digital radio
transmission and digital antenna diversity for virtually noise and dropout-free reception, the HEARO 999
AUDIOSPHERE II also uses a DOLBY DIGITAL decoder. The sound quality of the HEARO 999
AUDIOSPHERE II is every bit as good as that of expensive high-end cable headphones. However, these all-
digital wireless headphones offer more than just noise-free transmission with no dropouts: the HEARO 999
AUDIOSPHERE II also features an eye-catching design.
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Figure 60: The Hearo 999 Audiosphere II

3.5.2.2 HEARO 888 DIGITAL

The new HEARO 888 DIGITAL (Figure 61) will be introduced onto the market in spring 2004. The headphones
of the HEARO 888 DIGITAL set are the same as those used in the HEARO 999. The quality of the digital radio
transmission affords virtually noise and dropout-free reception – just as good as the HEARO 999. In contrast to
the HEARO 999, the HEARO 888 handles Dolby Surround Pro-Logic and LOGIC 7 surround signals. The
HEARO 888 can therefore be seen as a wireless eight-channel surround headphone system with digital radio
link for use with high-end equipment. As a special feature, the HEARO 888 provides the possibility to load a
personal HRTF (Head Related Transfer Function) filter set via Smart Card. For more details, visit the AKG
homepage at: http://www.akg.com/.

Figure 61: The Hearo 888 Digital
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4 VALIDATION

The results of the research and development activities in the LISTEN project have been validated in a series of
demonstrator productions and presentations as well as workshops. Due to space constraints, in this document
only the three main demonstrators will be discussed in detail, as they cover most of the essential aspects of the
project. The three main demonstrators (“Listen2Mini,” “Raumfaltung,” and “Macke Labor”) have been
presented in public where they have been experienced and tested by thousands of expert and random visitors.
The following sections describe the demonstrators and present the evaluation results.

4.1 Listen2Mini

Listen2Mini is a LISTEN demonstrator produced for the Marketing Innovation Lab (MIL) of the BMW Group
in Munich.

4.1.1 Objectives

The main objective of the demonstrator “Listen2Mini” was to test the use of the LISTEN-medium for a
marketing application. The Marketing Innovation Lab (MIL) of the BMW Group asked the project consortium
to produce a LISTEN application introducing the feature of the new Mini Cooper car. The goal was to develop
an interactive presentation, which engages the potential customer and transports a certain type of life-style
connected with the product. BMW defined the objectives as: providing another dimension to the visual product
presentation to further emotionalizes the brand experience. Applications like “Listen2Mini” are meant to be
used for product launches, fairs, and flagship stores.

4.1.2 Description

The demonstrator “Listen2Mini” is a LISTEN application where users walk around a Mini Cooper car and listen
to location-specific product information. Depending on the gaze of the user, relevant parts of the audio
information are triggered and rendered spatially from the respective region of the car (e.g. when looking at the
wheels, the user receives information about the wheels in form of spoken text located at the wheels). Besides the
spoken information, users also experience little audio stories illustrating the product information (e.g. the start of
the car with squeaking wheels, rendered to pass from left to the right, through the head of the user). Besides text
and sound effects a music sound track is audible in the presentation, which sets the general mood of the
presentation.

4.1.3 Production

As the tracking system developed in the context of the project was not available yet, an off-the-shelf system by
the A.R.T. company (http://www.ar-tracking.de) was used for the production of the “Listen2Mini”
demonstrator. The experinece with this tracking system also formed the basis for the production of the
demonstraor “Macke Labor” (c.f. section 4.3). The audio content was produced by an advertising agency of the
BMW group. The material consisted in prerendered stereo sound scenes, mono voice tracks and a stereo music
sound track. The storyboard and the world model programming in Avango was carried out by the FhG spin-off
company Vertigo-Systems GmbH (http://www.vertigo-systems.de). In order to author the content, a real Mini
Cooper car has been installed in the LISTEN room at Kunstmuseum Bonn. It turned out to be crucial to have use
a real car to decide how to attach the audio content spatially to the car. This was only possible using a complete
LISTEN system. Virtual reality simulations were not sufficient in supporting the authoring process. The effects
of location-based audio triggering could only be tested directly with the body (i.e. the head, equipped with a
LISTEN headphone – see Figure 62).
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Figure 62: Testing the "Listen2Mini" scenario at Kunstmuseum Bonn

4.1.4 Documentation

This section contains photographs from the two presentations of the “Listen2Mini” demonstrator – at the
International BMW marketing conference ICMC in Munich in June 2002 (blue car) and at the automobile fair
“Bilsalon” in Stockholm in April 2003 (yellow car). The presentations were coordinated by “rmh – new media
gmbh” (http://www.rmh.de). The left image of Figure 63 shows the car and a screen projecting the virtual world
model of the scene (and not a video image, as one may assume).

      

Figure 63: "Listen2Mini" at ICMC, Munich, June 2002

     

Figure 64: "Listen2Mini" at the automobile fair " Bilsalon" in Stockholm, April 2003
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A documentation video of the presentation of the “Listen2Mini” demonstrator at the International BMW
marketing conference ICMC in Munich in June 2002 is contained on the projects documentation DVD (see
section 5.4).

4.1.5 Evaluation

The Marketing Innovation Lab (MIL) of the BMW Group performed an evaluation of Listen2Mini at the
International BMW marketing conference ICMC in Munich in June 2002. About 140 marketing experts tested
“Listen2Mini” at ICMC, 97 of which completed a questionnaire. Most of the experts gave a very positive
feedback about the queried attributes (see Figure 65).
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Figure 65: Qualification of the "Listen2Mini" demonstrator by marketing experts at ICMC, Munich 2002

Asked for which occasions or situations the experts think the LISTEN-technology was useful they gave answers
summarized in
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Figure 66: Target application of LISTEN technology according to marketing experts at ICMC, Munich 2002

This simple evaluation shows clearly the great impact LISTEN is assumed to have in the marketing domain.
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4.1.6 Conclusion

The main interest of the “Listen2Mini” demonstrator lies in the fact that it tested the acceptance of LISTEN
outside the museum, which was the main application domain the project focused on. It could be shown that the
LISTEN-medium has a great potential to be used as a powerful marketing instrument. The only restriction at the
moment lies in the fact that not many people could experience the presentation at the same time (a maximum of
3 users in the case of “Listen2Mini”) and that the content production is relatively complex (access to test spaces
with real objects). As a conclusion it can be said that the “Listen2Mini” demonstrator was a very successful
application of the LISTEN technology after only 1.5 years of research and development.

4.2 Raumfaltung

4.2.1 Description

“Raumfaltung” is a multi-disciplinary interactive installation comprising three artistic aspects: the plastic
installation realized by the artist Beat Zoderer, the text produced by the writer Oswald Egger, and the music
composed by Ramón González-Arroyo and Gerhard Eckel. The room were the piece was installed, and for
which it was specially conceived, is the central room of the Temporary-Exhibition zone at the Kunstmuseum
Bonn: a large rectangular room of about 15 x 15 x 6 metres with 3 door entrances. The concept of the piece
departed from the design realized by B. Zoderer, where eight large wooden panels painted in eight different
plain acrylic colours [Red, Blue, Green, Anthracite, Orange, Beige, Light Green, Yellow] would partially cover
the floor and the walls of the room. This spatio-visual structure served as basic motor both for the work of the
writer, as for that of the musicians. Figure 67 shows a perspective of the design of B. Zoderer, Figure 68 a set of
graphic analysis of the structured space implied by the layout of the wooden panels.

Figure 67: View of virtual model of "Raumfaltung"

      

Figure 68: Spatial analysis of “Raumfaltung”
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Oswald Egger’s text developed into a set of lists of single words or group of words related, in a poetical sense,
to the colours that B. Zoderer had used for his wooden panels. There were, therefore, eight groups of word-sets
– one for each colour -, each comprising a one-word list, a two-word list, a three-word list, a five-word list and
an eight-word list. It should be noted that the text written by O. Egger would appear in the installation as part of
the sound scene, conveying therefore a double quality, that of the poetic text and that of a sonic element. The
collaboration between the production of the text and that of the music had hence to follow a much more
essential collaboration. All elements were recorded by two persons, a male and a female, in two different
modes: normal utterance and whispered. From the point of view of the poet the elements of the text could be
selected in any random order, in as far as intelligibility would be preserved, and no other “dramatic or literary”
order would be virtually or factually superimposed. The “semantic and poetic” connections created by the
context –due to a particular spatial configuration or chronological order of apparition of the different elements-
should be open to chance, therefore, to the particular interpretation of each receptor. Figure 69 shows the set of
word-lists corresponding to the colour Light-Green.

Figure 69: Excerpt from Oswald Egger’s “LISTEN-Wortsätze”

From the musical point of view, this material, already highly structured according to semantic pointer (the
colours), length/rhythm (number of items per element / number of syllables of element), timbre (male/female),
and quality (normal/whisper), was further analyzed as to its phonemic colouring, superimposing hence a new
ordering to the text-elements according to their sonic characteristics. As shall be seen further down, the text was
integrated into the formal structure of the music as one more layer of sound material, though following a set of
particular constraints in order to preserve, to a certain extent, the intelligibility of every utterance as well as to
avoid, in as far as possible, any dramatic or literary new virtual implications. Special care had to be taken, for
instance, with any overlapping, hence with the density of rendered elements, with dynamics, with the contrasts
between male/female and/or normal/whisper, or with the repetition of text elements.

Interaction in the piece would happen only through the spatial behaviour of the Visitor – the Listener – as it was
referred to. The LISTEN-technology was offering the exact location of each Listener in the space as well as the
direction of his visual line at every instant; and with these, of course, all data which could be deduced from
them, as the speed of movement, view-angle, history of trajectory in the space, visual encounter with other
visitors etc. Under these circumstances – a clearly structured physical space and an interaction logic based on
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the spatial coordinates of the visitor – it was felt that there was a big risk of producing a sound experience which
could be perceived as a mere chain of unrelated moments. The music had to have its own formal order, akin to
that of the visual; it had to lean, therefore, on a simple but well-defined temporal structure. The inner logic of
the audible hand in hand with the inner logic of the visual inviting the Listener/Visitor to explore the
unpredictable flow of links and clashes which the two parallel, independent and yet related dimensions could
provide.

In order to cover as wide a range of visit-durations as possible, this temporal structure would have to be
“infinite” and well articulated. The result was the definition of a cyclic form, where each cycle would be a
variant and not an exact repetition. Based on eight pre-composed musical states, a cycle would be defined as a
flow from one state to the other through some random transition, until all eight states would have been covered.
The order of the states on each cycle would be randomly selected, and the length of the cycle – of the states and
the transitions – a function of the speed of movement of the visitor.

The sound material, coming from recorded or synthesized sounds, was classified into different categories, called
Auras. An Aura was defined not only by a particular set of sound qualities but also by a particular set of musical
behaviours – relationships and variation in time of the different sound parameters. The sound material of one of
these Auras – the Text-aura – was the spoken text. The precomposed states, mentioned above, could be
understood as a set of choreographies, where virtual sources of sound colours (the Auras) would move through
the space, following distinct trajectory-patterns.

The structured continuous flow of sound just described, formed what was called the Underground Layer.
Underground, since, although internally always flowing, the Listener gets only a partial perspective of the
whole, which changes over time. The Underground Layer, thus, acts as a provider, supplying a coherent,
colourful flow of sound to a higher-level formal mechanism, the Meta-level, which selects what parts of it,
would be heard, and what actions of the Listener would serve as trigger for a new change in perspective. The
Meta-Level as cubist-reader linking time and space.

The sound-environment comprises another logical layer of sounds, the Event Layer, which, as its name clearly
indicates, consists on a set of pre-recomposed sound events that serve to punctuate the physical passage of the
visitor through the installation. Under the control of the same higher formal mechanism, the Meta-level, this
sound environment layer includes several kinds of events: silence, signs (very short sounds), long events (a
small form), drones and text events.

The Meta-level mechanism, therefore, governs algorithmically the actual sound environment offered to the
Listener. It makes use of a set of software objects which analyze the data supplied by the tracking system
providing what were called contextual parameters: speed of movement, region at which the Listener stands (a
panel or interpanel region…), crossing of a boundary, etc. With this processed data, knowledge on the exact
point of the cycle at which the Underground Layer is (which state or transition), and following a set of random
selected modes of global behaviour (activity coefficient, density coefficient, etc.), the algorithm selects which
Auras are heard and which events are triggered. The result could be understood as the overlap of two dynamic
mappings (one for the Event Layer, one for the Underground Layer) of the space into sound.

4.2.2 Production

As already stated above, the production “Raumfaltung” started with the design of Beat Zoderer. He made a
maquette of a first design, and from this model plus some other extra precisions, Jeremy Eccles (FhG) made a
virtual model that could be inserted into the virtual model of the museum room, which he had previously done
in Avango. The design of Beat suffered several modifications through the following months, and with it, of
course, the virtual model for Avango, but the concept remained the same. Therefore, almost from the start in the
production of the piece the LISTEN-package in Avango contained a virtual model of the room with the coloured
panels: the LISTEN Site and Set were defined and modelled. On top of the model a number of LISTEN-Zones
were defined and could also be visually rendered. Special visual representations of the different sound sources,
as well as of the Listeners were created and included. All subsequent work in the creation of the “Raumfaltung”
LISTEN-Environment could use this model to experiment and try out different ideas. Figure 70 shows a
snapshot of the Avango graphic representation at a given moment in the production of “Raumfaltung.”
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Figure 70: Top-view of the virtual model of “Raumfaltung” with sound sources and listeners

Oswald Egger’s idea of working with lists of words derived from the colours of the wooden panels was soon
welcomed. After some cycles of collaboration between the writer and the composers, O. Egger produced the
definite lists. The text was finally recorded at one of the studios at IRCAM by Oswald Egger himself and
Katherina Hinsberg, both in normal utterance and whispered. The complete material contains 1584 recorded
elements. The edited material was used both in a mono version – to be used mono for some special Event Layer
elements of type sign, or as sound-source binaurally rendered in real-time for certain Text-events of the Event
Layer – as well as in a 4-channel version, B-format pre-rendering of the original material stored in soundfiles –
to be used by the Text-aura of the Underground Layer.

The LISTEN-specific aspect of “Raumfaltung” refers to the sound environment, and hereafter we shall centre on
the production of this part. We can schematically divide it in four sections: the Underground Layer, the Events
Layer, the Meta-Level, and the MAX-MSP LISTEN-Sound-Server. The production included also a number of
sessions of recordings and ulterior analysis and processing of the data in order to generate Spat~ presets of
different rooms, one being the room at the Kunstmuseum Bonn were the installation would take place. Let it be
said that one of the most difficult questions encountered during the production of “Raumfaltung” was the
limitations imposed by the computing capabilities of the MAX-MSP environment. Given the relatively large
amount of possible coexisting virtual sound sources required, and the relatively high CPU load of the Spat~,
particularly for binaural rendering, the production had to go through numerous re-evaluations of its strategies in
order to make it possible and totally safe. Building pre-rendering mechanisms of different types, building
strategies to share resources, as well as finding convincing algorithms that would gracefully prevent all
possibility of overflowing at the LISTEN-SoundServer’s end became therefore an important side activity during
certain periods of the production.

4.2.2.1 The Underground Layer

This layer of the sound environment of “Raumfaltung” consists of six Auras, which run continuously. An Aura
has an alphabet of from 14 to 17 different sound-elements, synthesized or edited from pre-recorded material, of
durations between 120 and 320 milliseconds. This sound material was pre-rendered binaurally with no late
reverb, at different azimuths and elevations and at a given reference distance; the result being archived as stereo
soundfiles, one per sound-element. The pre-rendered soundfiles were loaded into stereo sample-buffers at start-
up of the application, a MAX-MSP ad-hoc module would pick the correct portion of the buffer for a given
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azimuth and elevation. Filtering and adding a late-reverb in real time, according to the distance cue, would
render the sound element at the required location.

A LISTEN-environment agent, the STS (Subjacent Temporal Structure), is responsible for the generation in real
time of the Underground Layer. In constant communication with a higher formal level agent, the Meta-Level,
about which we shall talk later, the STS reacts to certain contextual parameters related to the behaviour of the
Listener, in order to calculate the exact flow at every instant. Two sets of objects – on the one hand, those in
charge of producing new variants of the state descriptions at each new instantiation, and on the other hand, those
responsible for the definition of the algorithmic particular characteristics of each Aura – under the control of the
STS – supply the basic data for producing the continuous sound flow.

“In Offenen Auren,” is the name of a piece of music specially produced for the accompanying CD of the
Exhibition catalogue. The piece is a special version of two complete cycles of the Underground Layer – all eight
states but with no transitions. In contrast to what the Listener would hear during the “Raumfaltung” installation
– a dynamically changing subdomain of the total layer; a partial perspective – in this piece all Auras are always
present, therefore the title.

4.2.2.2 The Event Layer

This layer is actually a much simpler structure. Essentially it is composed of a number of objects that know how
to produce certain types of events. There are:

• Silence: total silence or, as was called, pregnant-silence – very soft and very low or/and very high
quasi-continuous sonorities.

• Signs: punctuating boundary crossings of the Listener. Monophonic very short sounds.

• Drones: colouring with soft constant sounds certain regions of the structured physical space, which
would be triggered when the Listener stands on them. Synthesized in real time from a pool of selected
sound qualities binaurally pre-rendered.

• Scene events: pre-composed and pre-recorded longer events, either in B-format or binaurally rendered.
Auditory scenes, longer gestures or very short musical forms.

• Text events: related to O. Egger’s text. Because of the special treatment that text has in “Raumfaltung,”
this type of events constitutes an independent category, even if most of them could have actually been
incorporated into the other types.

 The Event Layer does not only provide a set of independent modules that know how to produce certain sound
structures, but does incorporate also a kind of central mechanism, which is able to administer the history and the
capabilities of production as a function of the available resources. As in the case of the Underground Layer, the
Event Layer is also in constant bi-directional communication with the Meta Level.

4.2.2.3 The Meta Level

From the above explanations the Underground Layer and the Event Layer can be understood in fact as two
complementary mechanisms of potentiality of sound. The one as a dense continuous flow from which to extract,
the other as a pool of single possibilities from which to affect an ad hoc choice. The Metalevel high formal-level
agent is the mechanism responsible for the actual sound environment offered to the Listener through a strategy
of distributed responsibilities.

There is a set of dedicated objects, which, receiving data from the tracking system, analyze and process it. The
Metalevel may extract from these objects pertinent information or ask the objects to communicate when a
certain condition has happened. With this information, in addition to the information that the Underground
Layer transmits – which state or transition is currently happening, which Auras are active – the Metalevel builds
the actual soundscape for the Listener. Its task may be understood as building a dynamic double mapping of the
space into sound; one for the Event Layer and one for the Underground Layer.
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4.2.2.4 The LISTEN-Sound-Server

The MAX-MSP LISTEN-Sound-Server has probably passed its acid test by meeting the many demands posed
by “Raumfaltung.” Although previous demonstrator scenarios (particularly “Nuages”) were already building
processing tools considering the potential goals of this piece, new strategies had to be tried out and evaluated,
until a final design was achieved. The most important challenges were the use of a granular approach for the
synthesis of the Auras, with many simultaneous sound sources, the coexistence of a double strategy, for the
Underground and the Event layers, each of which demanded particular requirements, and the special care that
the treatment of Oswald Egger’s text calls for, when considered as a sonic element with a semantic dimension,
in contrast to the other musical objects. The Sound-Server architecture for “Raumfaltung,” of which a graphic
schematic can be seen in Figure 5, includes the following sources:

• Mono soundfiles. Text material as a source for real-time binaural rendering. The binaural spat is used
for this purpose.

• 2-channel soundfiles. Binaural pre-rendered synthetic material or text. Scene or Drone events.

• 4-channel soundfiles. B-format pre-rendered material. Scene events and Text Aura. In this last case
with further processing –filtering and reverb (a shared reverb with the binaural spat)-, to take into
account the distance cue. Converted into binaural format by the AKG DSP Platform.

• Mono samples. To be used for the signal events.

• Stereo samples. Binaural pre-rendered granular samples (of synthetic or pre-recorded material)
processed – filtering and reverb (a shared reverb with the binaural spat)- to take into account the
distance cue.

Stereo buffers

distance cue 
  processing
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4-channel
file-reader
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Figure 71

Figure 72

4.2.3 Evaluation

As part of the LISTEN-project two possible applications of the LISTEN-medium were presented publicly: the
“Raumfaltung” discussed here, demonstrated an artistically motivated use of LISTEN; the second, the “Macke
Laboratory. A LISTEN-Environment on August Macke” (see section 4.3) was designed as a pedagogical
scenario, tailored towards educational mediation. Both installations were exhibited at the Kunstmuseum Bonn in
2003. A user evaluation of the two demonstrators was conducted, touching on aspects of usability and
acceptance. The main objective of this assessment was to evaluate the LISTEN results in an art-exhibition
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domain. Analysis was based on visitors’ feedback, drawn from the examination of questionnaires, supplemented
by informal visitor observation (on site) and by the experience of and familiarity with verbal visitor statements
(e.g. in official tours, talks, etc.). Since the two demonstrators address different contexts of possible LISTEN
applications, they have been evaluated separately, occasionally using the possibility of cross-reference between
one another (see also section 4.3.3).

4.2.3.1 Context: Basic Condition

Before entering the exhibition space, visitors had to pass a specific sculptural arrangement by Zoderer, the so-
called “Kiosk” (2003), a kind of counter, operated by museum staff, where eight different LISTEN-headphones
were handed out. “Raumfaltung” was on display for 10 weeks (July 6th - September 14th 2003). During this
period 4310 visitors walked into the installation using LISTEN-headphones (that is approximately 430 visitors
per week; 71 visitors each day of opening). Even with this overwhelming situation, the LISTEN-system (as well
as the headphones) was operational and therefore available during the whole period. The evaluation is based on
a collection of 236 visitor surveys. On the average every 18th visitor was asked to complete a questionnaire.
Most questions could be replied to by marking prepared answers; occasionally there was room for personal
remarks as well. As a matter of fact, it turned out to be very problematic to evaluate a demonstrator perceived as
an art piece in terms of its “usability and acceptance.” How could one ask visitors to ‘judge’ concerning aspects
such as appropriateness in a classical museum situation? As we know, art perception is mainly motivated
aesthetically [Klein 1990, p. 319]. Museum visitors of course were not expected to experience “Raumfaltung” as
a technological experiment or the like. From this perspective, it seemed more reasonable to inquire primarily as
to their general interest and acceptance of the installation “Raumfaltung” (designed on the platform of the
LISTEN-medium, introducing it to an artistic context). A selection of the results extracted from the acquired
data will be given in the following sections.

                 

Figure 73: “Kiosk” (2003) – the LISTEN-headphone counter

4.2.3.2 Formal Evaluation

4.2.3.2.1 Temporal Behaviour

Special interest was given to visitors’ temporal behaviour while experiencing “Raumfaltung” (see Figure 74):
41% of the 236 evaluated persons spent “approx. 10 minutes” of time ‘inside’ the installation, 37% “approx. 20
minutes or longer” and 20% “approx. 5 minutes” (2% gave no statement). From personal remarks in the
questionnaires and informal visitor observation, we know that a number of people actually stayed for one hour
or longer, some even coming back several times, encountering the audio-visual “Raumfaltung”-scenario in
different ways. We watched people walking around very deliberately: some slowly, seemingly making out space
by means of the sense of touch, others quickly, seemingly testing the auditory and physical extremes and limits
of the installation. Of course, visitors were free to enter and leave “Raumfaltung” with or without headphones.
From our informal observations we can report that the average time of remaining in “Raumfaltung” with
headphones significantly exceeded the time people without headphones spent with the installation. A similar
influence of the headphones on the behaviour of the visitors could be observed: When using them, surprisingly
many visitors tended to remain in an individually chosen place, e.g. leaning against the coloured panels; some
sat or even lay down, often with closed eyes.
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Figure 74: Time remaining in "Raumfaltung"

4.2.3.2.2 Visitors’ Personal Descriptions

Listening to the audio composition seems to have occupied people to quite an extent. It obviously has to be
remarked that the presentation of an installation like “Raumfaltung” is still quite exceptional for an art museum.
Besides this, the perceivable audio-visual situation has probably been generally influenced by the new and
unfamiliar aspects of using (non-audio guide) headphones in an art museum context. This is emphasized by the
visitors’ personal remarks, preferably touching on the audible aspects of the installation, pointing out personal
likes and dislikes very specifically. Several visitors described “Raumfaltung” as “interesting,” some expressing
their enthusiasm about the “new and fascinating experience.” Quite a few visitors recognized their “senses get
‘sharpened,’” others even characterized the installation as “an absolutely new way of experiencing spaces, much
more intense und concentrated,” “it seizes the whole body, makes one feel part of the room.” The personal
thoughts described in the questionnaires were quite contradictory in their extremes: several visitors described
their experience of “Raumfaltung” as “meditative,“ “beautiful” or “relaxing.” In contrast, two elderly persons,
for instance, pointed out that listening to the sound composition reminded them of their war-time-experience;
yet another person judged “Raumfaltung” as “kinky,“ especially emphasizing that he had stayed for “less than 5
minutes!” However, from an overview perspective we can summarize that most of the evaluated visitors showed
a general “interest” in the installation.

4.2.3.2.3 Aspects of Interaction

Of the 236 persons asked, 60% stated having had the impression that their own physical movement influenced
the sound composition (see Figure 75). 31% did not become conscious of this influence (9% gave no statement).
Concerning the ‘interactive’ aspects of the installation, some visitors stated that “only after a longer time of
remaining in one place” did they realize these aspects or, as another visitor put it: “one needs to take one’s
time.” Under the pre-condition of possibly having to devote some period of remaining in the room to
“Raumfaltung,“ it turns out to be interesting to compare the visitors’ time of remaining in the room to their
impression that they could influence the audio-compositional part of “Raumfaltung” by physical movement in
space (see Figure 76): 44% of the visitors realized the ‘influence’ their presence had on the auditory elements
after having stayed for “approx. 10 minutes,” 42% of the people were aware of this effect after “approx. 20
minutes or longer”; when remaining “approx. 5 minutes” only 15% became conscious about it. From this result,
one could perhaps conclude that “Raumfaltung” ‘needed’ at least 10 minutes of the visitors’ time for being
perceived in its specific compositional aspects (not implying that one would ‘have to’ understand or detect
these). This result is certainly also influenced by the fact that the audio-compositional part of “Raumfaltung”
was following a concept which did not work in terms of a common interaction scheme. It was obviously
challenging the visitor’s expectation and their willingness to ‘play with the piece.’
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Figure 75: Did you have the impression that your physical movement influenced the sound composition?
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Figure 76: Impression that one could influence the audio composition through physical movement in relation to

the visitor's time of remaining in "Raumfaltung"

4.2.3.2.4 Headphone Comfort

The questionnaire included two questions concerning the headphones. The general handling of the headphones
(see Figure 77) was evaluated by 90% of the visitors as “simple,” by 3% as “complicated” (7% gave no
statement) – so one may state that they attained a high acceptance. In contrast, the general headphone comfort
(see Figure 78) turned out to be somewhat capable of improvement: 60% of the evaluated visitors described it as
“pleasant,” another 31% as “adequate/sufficient,” 9% as “disagreeable/inconvenient” (1% gave no statement).
Some people – interestingly enough, mainly visitors with a time of remaining longer than 20 minutes – added
statements about “after a while unpleasantly ‘hot’ ears,“ another person stressed “when walking, one can hear
one’s own steps, because the antenna is wobbly.“ From informal talks with visitors we know that the
headphones made some people feel quite uneasy and that they were perceived as “too big, too heavy,” as one
visitor wrote explicitly. Besides, a further obvious point of visitors’ interest was drawn from the visual
appearance of the headphones, topped by antennas: remarks spread from “foolish” to “ornamental, funny, like
bumblebees, the utilization in an art context strangely fascinating.”
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Figure 77: Headphone handling

pleasant
59%

(141 persons)

adequate / 
sufficient

31%
(72 persons)

disagreeable / 
inconvenient

9%
(21 persons)

no statement
1%

(2 persons)

Figure 78: Headphone comfort

4.2.3.2.5 Combination of visual and auditory elements

Asked for a personal description of the combination (“Zusammenwirken”) of visual and auditory elements in
“Raumfaltung,“ very contradictory statements came up. In this case, the question allowed several answers (see
Figure 79). 55% of the evaluated visitors generally articulated an “intense impression,” 17% evaluated the
combination as “irritating,” 15% depicted the arrangement as “not coherent.” Interestingly enough, 33% of the
people who were asked added an individual statement on this point. The following selection of personal remarks
will give at least a small impression of the records made, reproducing it as an unsorted listing of divergent
opinions on the audio-visual arrangement of “Raumfaltung”: “sound changes the perception of colour” / “it
works” / “impressing but not coherent” / “connection between space and sound remains unclear to me. Which
part is rooted in the movement?” / “only one thing possible at a time” [meaning listening or looking] / “one
becomes immersed and associates strongly (through the combination of noises and colours)” / “little
correlations, obtrusive words” / “auditory elements move into focus, make the visual ones step back after a
while” / “the colours create emotional associations, music and words disturb this feeling” or “the combined
reception of visual and auditory impressions will have to be learned.” Observing the quality as well as quantity
of the remarks given, “Raumfaltung” seems to have engaged the visitors quite strongly. Visitor comments turn
out to be very attentive and interested in the physical as well as aesthetic experience of the installation. As
already stated, all opinions have to be taken as expressions of personal taste and aesthetical expectations. To
find out about some more general kind of “acceptance” we additionally asked people if they would recommend
a visit of “Raumfaltung“ to their friends or family (see Figure 80): remarkably, 78% answered with “yes,“ only
11% with “no” (11% gave no statement).
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Figure 79: How would you describe the combination (Zusammenwirken) of visual and auditory elements in

"Raumfaltung"?
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Figure 80: Will you recommend a visit of "Raumfaltung" to your friends or family?

4.2.3.2.6 Statistics

From a statistical perspective, the visitors of “Raumfaltung” correlate well with the general art museum public
(see Figure 81): 54% of the evaluated persons were female, 43% male (3% gave no statement). Their age is
distributed as follows (see Figure 82): 36% of the visitors were between “20-35 years” old, 30% “35-50 years,“
28% “beyond 50 years” and only 3% were “up to 19 years.” That is to say: 58% of the evaluated visitors of
“Raumfaltung” were older than 35 years. Asked for their education (see Figure 83) 50% answered that they had
a “university exam,“ 26% referred to a “secondary school final,” 10% had passed an “institution of higher
learning,” further 9% marked that they had another school examination, e.g. “Hauptschule” or “Mittlere Reife.”
Interestingly enough, 76% of the evaluated people claimed that they would visit art exhibitions more often than
twice a year (see Figure 84). From that point, they can probably be taken as frequent art museum visitors, with a
particular interest and experience in art and aesthetic perception. Unexpectedly, 61% of the 236 evaluated
people stated that they had already visited sound installations before. 35% of the visitors indicated that they had
come to Kunstmuseum expressly for visiting “Raumfaltung.”
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Figure 81: Gender
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Figure 84: Frequency of visits to art exhibitions

4.2.3.2.7 Conclusion

In conclusion, it can be stated that the user assessment of the first public LISTEN-demonstrator “Raumfaltung”
yielded rewarding results. Most visitors of the audio-visual installation considered their experience to be mainly
positive, many of them explicitly found their perceptual awareness to have been heightened. Quite a large
number of persons seem to have gotten remarkably involved, in physical as well as in aesthetic terms. From the
perspective of a modern art museum as such as the Kunstmuseum Bonn, it can be pointed out that the aesthetical
claim of “Raumfaltung” was responded to with great interest and respect. Kunstmuseum Bonn understands itself
as a place of aesthetic mediation, trying to sensitise and sharpen visitors’ perception of art – along with hoping
to encourage a more conscious experience of everyday life and environment among the visitors as well.
Following this ‘vision’ in terms of multi-sensorial art and perception has proven to be very exciting, or as
various visitors of “Raumfaltung” said: “a great idea of experiencing spaces in a much more intense and
concentrated manner,” “in my opinion it is very important to exhibit such projects, allowing them to appear in
an art context regularly” or simply “it’s fun.” From the aesthetic perspective, “Raumfaltung” was observed and
evaluated with great acceptance. In these terms the artistically motivated LISTEN-demonstrator has obviously
been successful.

4.3 Macke Labor

4.3.1 Objectives

As documented in [DoW 2001], the pedagogical LISTEN application originally was supposed to be developed
only as a virtual demonstrator. In contrast to the “Raumfaltung,” which, as an artistic installation, could make
use of LISTEN aspects freely, the “applied” demonstrator was intended to be “practical” in the first place. In
terms of “usability,” among other aspects, essential additional information was to be expected from a public
evaluation. In order to make this kind of evaluation possible, partners KMB and FhG therefore decided in March
2003 to also create a physical pedagogical LISTEN demonstrator: the “Macke Labor. A LISTEN Environment
on August Macke.” As a matter of fact the concept and realisation of this scenario could – at least to some
extent – rely on formerly developed virtual environments.

The “Macke Labor” was intended to fulfil a double task: On the one hand, as a pedagogical and thus
“instructive” environment it should convey art-historical information; on the other hand, with respect to the
LISTEN evaluation, it should illustrate functional aspects of the LISTEN technology and – as far as possible –
make them comprehensible. A questionnaire should focus on facets that could not be assessed in the context of
the “Raumfaltung,” the artistic LISTEN demonstrator.

The “Macke Labor” aimed at exploring whether different forms of information as well as physical forms of
interacting with information (see section 4.3.2.4) are effective and understandable to the everyday visitor of an
art exhibition. Based on the LISTEN potential for memorizing the visitor's path, experience and behaviour, the
concept of the environment drew upon the idea of a space changing in time: The navigation of the user through
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a reactive spatio-temporal narrative structure of prepared audio modules. In this regard, it was also meant to
examine whether a shift of contents caused by the visitor's route through the environment is perceptually
transparent and therefore seems reasonable.

With respect to the extraordinary audio quality of the LISTEN technology, the audio-visual potential of the
medium was evaluated too. Stylistic devices comparable to those of a radiophonic feature were applied within
the open formal structure that LISTEN provides: It was to be investigated whether the expanded use of audio is
able to intensify the visitor's perception of an artwork or instead distracts his/her attention.

The analysis also concentrated on the relationships between the information layers of the spatialised sound, the
motion of the user, and the physical space. Questions to be answered were: How can the audio content be
connected to the physical objects within the space in order to be intuitively “networked” by the visitor? How do
spatial sound sources “work,” when they are not attached to a physical object, perceived in a visually dominated
space? Could a localized sound source animate visitors to (visually) focus on an artwork? What effect may the
visitor have on the auditory presentation? And what effect has the auditory presentation on the visitor?

4.3.2 Description

4.3.2.1 Phenomenological Description

The present phenomenological ‘walk-through’ has been put into writing as one possible way of exploring the
“Macke Labor.” It attempts to describe aspects of the LISTEN environment, which are probably difficult to
comprehend for someone who has not experienced the audio-visual installation on-site (e.g. binaural rendering,
dynamic fade-out, zones, etc.). Only a selection of audio-visual situations from the content-based perspective
has been exemplified (see sections 4.3.2.2 and 4.3.2.4). Some brief impression of the perceivable situation on-
site, of the audio-visual structuring in space as well as of the suggested forms of interaction are demonstrated in
the video documentary of the LISTEN demonstrator “Macke Labor.”

When strolling through the Kunstmuseum Bonn, one might become aware of a temporarily installed assembly
called “Macke Labor” (Macke Laboratory). It is structured by a specific exhibition design which probably first
drew one’s attention, for the visual setting of this one-room situation seems to form a premeditated demarcation
to the rest of the museum. Next to the entrance to the room, the museum staff offers headphones that are
specifically designed for this “LISTEN Environment on August Macke.” Upon putting them on, a multiple
murmuring becomes audible, with different voices speaking all at once – one might grasp only a few phrases:
“beschlagnahmte Werke” (confiscated works of art), “um das Schicksal dieses Bildes” (about the destiny of this
painting), “Mut haben, ihre eigenen Wege zu gehen“ (courage to make their own way), “Sehr geehrter Herr
Doktor Holzinger“ (Dear Dr. Holzinger) ... – as soon as one has stepped into the room, the murmuring stops all
of a sudden.

Maybe the visitor first walks towards the painting next to the entrance. When one stands in front of it, a female
voice says, “Das ‘Selbstporträt mit Hut’ muss im Eingangsbereich hängen – oder stehen (The ‘Self-Portrait with
Hat’ must be hanging – or standing – in the entrance area). Links stelle ich mir Bilder aus Bonn vor (On the left
I imagine paintings from Bonn), hinten eine Art ‘Reise nach Tunis’ (at the rear a sort of ‘Voyage to Tunisia’)
und rechts Werke, die in Hilterfingen, am Thuner See, entstanden sind (and on the right, works of art which
were created in Hilterfingen, at Lake Thun).” Specific sounds have been ‘inserted’ into this sentence. Organized
spatially, they seem to be coming from the direction the voice is referring to: one can hear some sort of machine
noises from the left; some more ‘natural’ sounds – wind, a gentle bell, a whistling bird – as if from the back of
the exhibition site; and the ticking of a huge clock – obviously standing in a room – positioned at the rear right
side of the environment. Listening to the words and sounds, the visitor unconsciously might turn his head
towards the specific direction the voice has been referring to – perhaps as if trying to ‘compare’ or comprehend
the heard information. When doing so, one can distinguish the sound’s ‘movement’ in coordination with one’s
own physical turning aside: when one faces the painting directly, the voice seems to be produced in typical
stereophonic rendering, but turning the head to the left side leads to a realization of its ‘flexible’ design, for it
now can be perceived from the right – upon turning the head back, the voice again becomes perceptible in its
first position. Comparable to the way a natural voice or sound could be perceived in an everyday situation, their
specific ‘positions’ can be located spatially: the female voice speaks as if from the painting, and the sounds
come from the particular room sections they have been ‘assigned’ to.
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One might remain standing in front of the painting for a while, looking at it closely, listening to the voice as it
muses upon the planning of the environment, to an historical portrayal of Macke’s character or to a more art-
historical description of the self-portrait and of its history from a current perspective. But moreover, one could
as well decide to walk on to another exhibit … maybe at the very moment, a telephone starts to ring in a
strikingly authentic manner. A real phone in the exhibition space, or some part of the audio information one is
listening to? – When exploring the exhibition space physically, the sound of the phone bell can be distinguished
more precisely: one can become aware of moving closer to it by pure listening – possibly ‘finding’ the invisible
source of the sound at the back side of Macke’s “Self-Portrait with Hat.” The telephone keeps ringing, someone
picks it up: “Hallo?” (Hello?) – it is the female voice again. “Ach, Frau Bachmann, gut, dass Sie zurückrufen!
Ich sitz’ gerade an der Vorbereitung unseres Macke Labors. (Oh, Mrs. Bachmann. Thanks for calling back! I am
sitting over the preparations for our Macke Laboratory.)” Although one cannot understand her words, Mrs.
Bachmann appears to be a restorer. The audible female voice – obviously an actress, enacting the role of the
curator of the exhibition – talks to her about the curatorial idea of exhibiting the back side of the painting for the
first time. Mrs. Bachmann has no objection against the temporary display of both sides of the painting, as a
special exception …

Leaving the painting (and conversation) in the middle of a sentence, the voice fades out calmly – allowing for
some sort of ‘intermission’ as well as transition between the exhibits. Walking around, one may encounter very
different types of information. When stopping in front of the painting “Kinder im Garten” (“Children in the
Garden”), for instance, a deep buzzing and growling starts up, resonating like the stopping and starting of cars
on a much-used road. After a while an informal talk between two people opens. A man says: “Da sind ja die
zwei Kinder im Garten. Seine Kinder können es ja nicht gewesen sein (There are two children in the garden. It
can’t have been his children.).“ A woman (different from the one heard before) answers: “Nein, das sind
Nachbarskinder, die häufig hier zu Besuch waren. Und letztendlich spielt es eigentlich auch keine Rolle, ob es
seine Kinder sind oder ob es fremde Kinder sind, für ihn waren sie wichtig als Staffage, Figur im Raum. Figur
im Außenraum ist ja sein Thema (No, these are the neighbor’s children, who often came here for a visit; and in
the end it is not important if they are his children or if they are visitors – for him they were important as setting,
as figures in space. The figure in external space is his subject).“ They talk about the painting, about Macke’s
engagement in the art discussion of his time and about the studio they are standing in. Sometimes one can hear
the soundscape from the beginning. The talk has presumably taken place in Macke’s original studio, situated in
his private residence in Bonn, which is operated as a museum today. From this perspective, the soundscape turns
out to be an ‘on-site’ recording, giving some very exceptional contrast to the idyllic subject of the painting,
especially from the temporal perspective (historical image versus contemporary soundscape).

The auditory content obtainable in connection with the painting “Strauss mit Gladiolen auf rosa Hintergrund“
(“Bouquet of Gladiolas on Pink Background”) introduces a correspondence which was initiated 22 years after
Macke’s death, when Elisabeth – Macke’s wife – was trying to find out the whereabouts of the painting in the
time of National Socialism. At that point in history, Macke’s art had already been condemned as “degenerated
art,” as one can learn. Initiated by an overview prologue of the familiar female voice, the quotation of
Elisabeth’s words fades into the reading of significant letters through personalized voices: we can listen to
Elisabeth writing to an official person at the Bayerische Staatsgemäldesammlung – as well as to the response
formulated by the man addressed as “Herr Dr. Holzinger” (Doctor Holzinger), the “conservator” of the museum
in Munich. In the background of the written conversation, the rattling of a historical typewriter can be heard.

Strolling along further, one might decide to walk into the corner which earlier on has been referred to as some
kind of “voyage to Tunisia.” Attempting to look at the exhibits behind the wall, one might possibly enter the
separated passageway straight ahead, suddenly recognizing the appearance of an atmospheric soundscape: the
air seems to be shimmering audibly, insects are whirring, birds are twittering, cymbals clashing – seemingly in a
quiet countryside … Up to now the auditory information has been ‘performed’ only when one is standing in
front of an exhibit, focusing on it, but now the streaming of information has been activated differently. Perhaps
one is interested in finding out about this special situation: walking backwards, the sound would stop
immediately; walking forwards, it would start again from the very point one had ‘left’ it before. Through
physical testing, one can discover some kind of ‘border line’ which is connected to the visual margin of the
architectural design of the environment. When walking through the corridor-like room section, one becomes
conscious of the spatial boundary of the ‘sound layer’: it can be perceived within a specific region where art
works which Macke created in Tunisia are installed. Functioning like an auditory passageway, the sound
instantly stops when the visitor leaves this zone. The historical quotations seem somehow to have motivated the
sound composition: presented by two male voices, depicting August Macke and Paul Klee on their legendary
voyage to Tunisia, the audio-visual scenario is arranged as some kind of a feature-like ‘reading’ of the historical
material. By listening and looking, one may immerse oneself in very different situations. Conceptually
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structured as different stages of the voyage (the preparation of the journey, the arrival in Tunisia, etc.) various
places and spaces can be associated (a local bazaar, a coffeehouse situation, the wasteland, the seaside) –
perhaps animating the visitor to listen or just stroll among the different works of art, which at the same moment
can be read as reports and as documents of the voyage too.

Walking along, one might decide to return to one of the already-seen exhibits. When this is done, more (up to
now not heard) information on the painting would be perceivable – so that one does not have to listen to the
already ‘issued’ information for a second time. Upon a return to “Stillleben mit Gladiolen,” for instance, a
young man would start to muse about the purchasing policy the city of Bonn had concerning the art works by
August Macke ... At some point, perhaps when just standing in front of an exhibit for the second or even third
time, one might encounter a murmuring of voices – the one from the beginning – which, after a while, would
fade out again, obviously signalling the fact that all the available auditory information to a specific exhibit has
already been heard. Maybe it is in this moment, but perhaps also at a different point of perception, that one
decides to leave the environment. Directly walking towards the doorway, one just may capture a last comment,
spoken by the female voice again: “’Das Wort ist nur eines der vielen Mittel zur Formung der Gedanken.’
August Macke” (‘The word is only one of the many methods for forming thoughts.’ August Macke).

4.3.2.2 Concept

4.3.2.2.1 Preliminary Considerations 1: Audio Guides

On the platform of LISTEN, specific aspects of didactic mediation in art museum context were discussed,
touching on the phenomenon of audio guides from a technological as well as from a content-related perspective.
Audio guides have to be considered as advanced forms of educational mediation. Offering didactic assistance to
visitors interested in ‘guiding’ information without following an official tour (ordinarily dependent on a
particular time and guide), they have been described as comfortable alternatives to guided tours [Schultschik
1991]. Besides this, audio guides bear an auditory potential within themselves which is not restricted to the
margins of personal speech. Constituted by achievements such as electronic recording, reproduction and sound
design, they are open to a variety of auditory information: differing speakers, original recordings, music or
sound, which can be organized in montage-like approaches, possibly accomplished by spatial effects or other
acoustic designing. In terms of a multi-sensorial perception – a point of concern present when developing the
pedagogical LISTEN environment “Macke Labor” in a distinctive manner – audio guides augment the ‘real’
(mainly visually dominated) exhibition space, engaging not only the visual but the auditory sense as well.

From the didactical point of view, the transfer of information through audio guides is unilateral, since the
technology does not provide an opportunity to directly react to and question the content. Museum education
professionals criticize that the information offered very often is too easily accepted. It is generally agreed that
audio guides, from the pedagogical perspective, can therefore not be regarded as a ‘substitute’ for a personally
guided tour [cf. Wacker 2001]. In a LISTEN environment, the information might even be more ‘convincing’
than the one conveyed by a conventional audio guide. The immersive way of interacting with the system and the
possibility of a nearly natural experience might encourage an unreflected perception. In order to prevent visitors
from simply ‘believing’ what is to be heard and in order to still fully exploit the potential of LISTEN, partner
KMB decided to embark on the strategy of making visitors aware of the medium within the pedagogical
environment.

4.3.2.2.2 Preliminary Considerations 2: Content Design

LISTEN obviously calls for very specific forms of content-design as well as -organization. The behaviouristic
possibilities of a non-linear and temporarily open ‘investigation’ of LISTEN-spaces led to the idea and necessity
of storyboard-conceptions designed in ‘detachable’ parts, so-called ‘modules.’ Connected in terms of content,
these ‘(meaningful) sections’ at the same moment are designed to work isolated and/or in specific combinations
with one another. In its pedagogical application, working with linguistic communication, LISTEN asks for
textual types and forms which suggest ‘meaningfulness’ and ‘significance’ even in the process of
‘dismemberment’ (such as might be affected by visitors behaviour, e.g. his/her movement in space, for instance
when entering and/or leaving specific zones, etc.) and which allow, maintain and preserve an open and at the
same time ‘concrete’ assignment of image and text/sound-items, suggesting some kind of ‘coherence’ (in
contrast to more common linear text types, which are ‘built up’ on one another and which seem ‘meaningful’
only in their linearly linked presentation). The technique of merging separate ‘modules’ by walking through the
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environment resembles the principle of montage and allows the development of a storyboard in which collisions
comparable with Sergei Eisenstein’s idea of fast editing and juxtaposition [Albersmeier 1998] show up. Related
to Bertolt Brecht’s ‘alienation effect’ [Brecht 1939, in: Brecht 1967], Eisenstein’s theory of montage aims to
discourage the audience from identifying with characters and action and to establish a distancing. It thus
provides a LISTEN-adequate solution to the problem of making visitors aware of the medium while using it.
The technique of montage, of course, limits the control of the content, but exposing visitors to unexpected and
even unwanted topics is considered an important part of partner KMB's pedagogical strategy. Unlike in a movie
as a linear medium, in a LISTEN environment it is still possible to affect the stream of events: By choosing a
different ‘path,’ the visitor is always able to switch to another ‘module’ and thereby change the subject.
Comparing LISTEN with common audio guides, the possibility of exploiting the principle of montage turns out
to be a medium-specific potential: Whereas with conventional audio guides the visitor has to retrieve every
single ‘piece’ of information, in a LISTEN environment the perception of separate ‘modules’ almost
unconsciously merges in a continuous and interrelated experience in which a montage-like approach can fully
come into effect.

The technique of compiling different types and ‘sections’ of information can also be associated with the idea of
the so-called ‘Radio Feature.’ In contrast to ‘Radio Drama,’ this kind of radio broadcast deals with non-fictitious
subject matter and usually consists of a mixture of speech, music, genuine recordings and sound elements.
‘Radio Features’ demand a deliberate dramatic concept and are fundamentally based upon a subjective narrative
perspective [Zindel/Rein 1997]. As partner KMB is interested in contents and scenario conceptions aiming at
intensification of visitor’s art perception as well as at an amplification and clarification of educational contents
in general, the use of ‘non-linguistic’ audio elements as adequate elements of pedagogical (audio guide)-
scenarios has been considered. The mixture of different audio elements known from ‘Radio Feature’ promises to
be highly entertaining and inspirational [cf. Wilch 2001]. Furthermore, the subjective perspective, unlike the
seemingly ‘neutral’ viewpoint of an ordinary audio guide, might encourage or even provoke visitors to critically
reflect upon the contents. Being enjoyable and at the same time reflective, the characteristics of a ‘Radio
Feature’ perfectly comply with the pedagogical goals of partner KMB.

4.3.2.2.3 Preliminary Considerations 3: Audio-Visual Coherence

Because of the phenomenon of juxtaposition and conjunction of auditive and visual elements, conceptual
comparisons can also be drawn with film. Film music and sound design can constantly be read in terms of its
specific connection and relation to (film-)images, plot (diegesis), and film scenarios in general. In technical
terms, film projection obviously does show a performance of ‘synchronized elements’: a state of affairs that to
some extent can be pointed out in the LISTEN-context too. From the perceptual perspective, a direct connection
of image and sound (music and ‘noise’) will be assumed and adopted automatically. This observation touches on
a phenomenon which Michel Chion has described as an ‘audio-visual contract’: “The audiovisual relationship is
not natural but rather a sort of symbolic pact to which the audio-spectator agrees when she or he considers the
elements of sound and image to be participating in one and the same entity or world.” [Chion 1994]

From the more general observation of the phenomenon ‘film soundtrack’, several elements of ‘audio’-speech
(monologue, dialogue), music (film-music and -elements, “soundtrack”-music), sound effects (ambient sound,
soundscape, etc.), their spatial dimension, movement in space, space localization- and transitions/junctions of
the mentioned elements can be distinguished which for the LISTEN-context seem useful. The linking of audio
elements to artworks and pedagogical contents can be systematized in three approaches of conjunction: the
linking of music/sound elements to contents of the artwork (e.g. motif, theme, style, structural principles of the
art work, etc.), the linking of music/sound elements to (verbal) pedagogical contents (biographical facts,
contemporary history, stylistic principles of the time, etc.), or an open, associative linking (varying, possibly
relating to both levels of connection).

Audio conventions and parameters as known from film and film theory might be exploitable in didactical terms,
circulating around the more or less general use and operation of elements such as music, sound and language in
their specific connection with moving film-images and/or ‘static’ art objects. Three fundamental forms of
‘music-image assignments’ have been described by Pauli [Pauli 1975, in: Musikpsychologie 1997] which might
provide some advice regarding a ‘piecing together’ of artworks and non-verbal audio elements in general:
‘polarization’ (atmospherically ambivalent image-contents can be dyed in emotionally), ‘paraphrasing’ (specific
moods of the image can be doubled by the use of music, for an increasing of effects), and ‘contra pointing’ (the
operational unit of image and music can be pried open by the use of contradictory moods, comparable to the
already mentioned ‘alienation effect’). As Pauli’s categories also make clear, audio materials and elements can
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be designed to work highly manipulatively without having to be perceived consciously. Film music and sound
effects can operate ‘unseen’ and subconsciously. In terms of a reflected perception of artistic as well as
pedagogical contents, these – at least possible – notions of music and sound seem quite problematical and need
very obviously be kept in mind. Moreover, audio conventions and conditionings (e.g. from TV, film, radio,
everyday outdoor experiences, etc.) as well as the visitor’s listening habits, education and his/her individual
preferences will probably affect pedagogical contents and their perception to quite an extent.

4.3.2.2.4 The Concept of “Macke Labor”

For a curator, presenting works of art usually means visually communicating a certain art-historical view or
thesis. Unlike common art exhibitions, a pedagogical LISTEN environment requires a concept comprising not
only visual but also aural and physical forms of communication. Since all components are closely linked to each
other, the environment ideally is conceived as a whole. Evidently, not only visual and aural elements interact
with each other; the space design as well has an important impact on how the sound and the artworks are
perceived. The qualifications needed to create a pedagogical LISTEN environment, however, exceed the
average know-how of an art historian: Besides experience with aural and audio-visual communication,
knowledge of space design and its effect on movement – at least – is desirable. Hence, for the “Macke Labor” a
team of collaborators with varying professional qualifications – in the field of art history, musicology and
architecture as well as sound engineering and radio directing – was formed. Working on the “Macke Labor”
concept, it turned out to be the biggest challenge to always consider the interdependency of all components
described. The following description of the concept focuses on this interdependency but, for a better survey, it is
subdivided into sections on visual, aural, and space-related aspects.

4.3.2.2.4.1 Visual Aspects

For practical and content-related reasons, partner KMB decided to select the works of the painter August Macke
(1887-1914) as the main subject of the pedagogical demonstrator. His works form the core of partner KMB’s
collection of Classical Modernity and are accessible most of the time. From the museum’s point of view,
through the medium of LISTEN a new view of these artworks could be conveyed which to the public look so
familiar. Because of the LISTEN-specific focus on space and physical interaction, it seemed an obvious strategy
to develop a ‘topographical’ type of exhibition. In this respect, the choice of August Macke turned out to be very
convenient: Since Macke painted not only in his hometown Bonn but also on his journeys, a ‘map’ of three
‘areas’ – key sites in the painter’s biography – could be defined: Bonn, Tunesia, and the Swiss town
Hilterfingen. These ‘topographical’ zones overlap with content related ‘areas’ in which iconographic topics such
as ‘interior’/‘exterior’ and ‘urban context’/‘nature’ are addressed. The ‘Bonn’ zone, for example, partly covers
the zone of ‘interior,’ both dealing with an intimate view of Macke’s home and family as an important
background of his work. A further main idea of the concept was to offer a representative overview of Macke’s
works, covering not only painting but also drawing and watercolour. For technical and content-related reasons,
only ten samples could be shown (see section 4.3.3.2).

 

Figure 85: "Selbstportrait mit Hut" (1909)

As a kind of welcoming, the “Macke Labor” exhibition ‘starts’ with “Selbstporträt mit Hut” (1909) (c.f. Figure
85), introducing the artist himself. Left from the “Selbstporträt” that for the first time ever is also to be seen
from the back side, paintings from Bonn are on display showing members of his family, a view from his studio
and a still life (“Elisabeth und Walterchen,” 1912; “Kinder im Garten,” 1912; “Strauß mit Gladiolen vor rosa
Hintergrund,” 1914) (c.f. Figure 86). Behind “Strauß mit Gladiolen,” the so-called “Tunesian passage” is
installed, consisting of one painting (“Türkisches Café”), two drawings (“Türkisches Café II”; “Begegnung vor
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dem Café”) and a watercolour (“Innenhof des Landhauses in St. Germain,” all 1914) (c.f. Figure 87). All of
these pieces originated in Macke's voyage to Tunesia, having been produced on or right after the journey. Here,
beyond the biographical context, topics such as exotic strangeness/the oriental fairy tale are addressed. The
‘Swiss area’ presents the gouache “Farbkomposition” (1913) and the painting “Garten am Thuner See” (1914)
(c.f. Figure 88). This and the ‘Tunesian’ area overlap in the topics of ‘nature’ and ‘exterior’ (in contrast to
‘urban context’ and ‘ interior’). Compared with ‘Bonn,’ both zones reveal a remarkable shift in Macke’s way of
working with colour.

          

 

Figure 86: “Elisabeth und Walterchen” (1912) –“Kinder im Garten” (1912) – “Strauß mit Gladiolen vor rosa

Hintergrund” (1914)

     

 

          

Figure 87: “Türkisches Café” –“Türkisches Café II” –“Begegnung vor dem Café” – “Innenhof des Landhauses

in St. Germain” (all 1914)

              

Figure 88: “Farbkomposition” (1913) – “Garten am Thuner See” (1914)
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4.3.2.2.4.2 Aural Aspects

All of the areas described above – ‘topographical’ as well as ‘iconographic’ – meet in the topic of ‘space,’
matching August Macke’s own theoretical reflections. In his letters, frequent remarks on the interrelation of
time, space, and the perception of an image can be found. Macke’s interest provides an ideal background for
developing a coherent, interrelated network of audio information among the artworks. On the basis of the
subjects of time and space, a wide variety of contents, ranging from ‘classic’ issues (such as biography, artistic
style and historical context) to the actual state of the art work (e. g. questions of restoration, value and
insurance), could be produced.

Concerning the language-based audio elements, three types of information were conceived: ‘monologue’
(comments of a fictitious female curator and a fictitious male assistant curator), ‘dialogue’ (genuine recordings
of staff members of partner KMB), and ‘collage’ (quotations of August Macke, Paul Klee and art critics of the
time). These different types of verbal information are characterized through varying acoustic space designs and
atmospheres, in order to make them familiar and recognizable. In the ‘monologues,’ the fictitious curator and
her assistant alternately comment on the art works, offering an obviously subjective tour through the exhibition.
The pedagogical goal is not to confront the visitors with final ‘objective’ results but to reveal art-historical
research as a process. As ‘dialogues,’ two recordings of staff members are to be heard, one in front of “Kinder
im Garten,” the other in front of “Farbkomposition.” The conversations are intended to illustrate everyday
aspects of museum work. Visitors can listen to natural voices and immerse themselves in the genuine
atmosphere of the museum space. The ‘collages’ as the third type of information reproduce quotations from
August Macke, Paul Klee and different art critics, augmented by different sounds and soundscapes. The concept
of ‘areas’ offers the chance to acoustically distinguish regions on the exhibition ‘map’: a zone of the “Rhenish
Expressionists” and a “Tunesian passage:” The zone of the “Rhenish Expressionists,” situated in the ‘Bonn
area,’ deals with an exhibition which August Macke had organized in 1913. The reviews and comments by
August Macke performed in this ‘area’ are accompanied by traffic and machine sounds, freely associating an
atmosphere of urban modernity. The “Tunesian passage,” as a contrast, treats of a voyage to Africa in 1914,
quoting Macke's letters and the diary of Paul Klee. The quotations are enhanced by sounds, which were
recorded on-site in Tunesia. Stereo-based experiences, combining the paintings with different types of music
[see deliverable D7.2b], had produced results, which – in terms of partner KMB’s searching for clear and
‘unmistakable’ pedagogical contents – seemed vague and arbitrary. For the “Macke Labor” concept, music as an
autonomous non-linguistic element was therefore rejected. Music is only to be found within the soundscapes in
which it assumes a function similar to one of sound.

Comparable to a ‘Radio Feature,’ a LISTEN environment calls for an accurately planned dramaturgy. Designing
a LISTEN environment, however, one not only deals with a simple linear succession of ‘modules’ but, of
course, also has to consider a sequence composed by the visitor’s movement. In this respect, the “Macke Labor”
concept makes use of the formerly described technique of ‘collision.’ The staged recordings, for example, are
intended to clash with the on-site recordings. Walking for instance from “Begegnung vor dem Café” to
“Farbkomposition,” visitors have to cope with the montage-like confrontation of an enjoyable “voyage to
Tunesia” with a comparatively ‘dry’ conversation on restorational topics. This dramatic sequence of contents
aims to let visitors experience a ‘time shift’ from Macke’s past to the present. A similar ‘time shift’ can be
encountered in front of “Kinder im Garten,” ‘contra pointing’ with respect to the audio-visual coherence: A
traffic soundscape (recorded in Macke’s studio where the artwork was painted) is to be heard in obvious
contradiction to the ideal scene of children playing in the garden. The audio dramaturgy of the “Macke Labor”
also makes use of the LISTEN-specific potential of memorizing the visitor’s path and ‘behaviour.’ The
‘collages,’ for example, that – as the only type of content – work with spatialised and moving sound sources
disappear after having been heard. Revisiting the ‘Tunesian’ area, users hear plain ‘monologues’ that reflect on
the previous information.

A LISTEN demonstrator, of course, can be conceived as an environment where continuously and in every part
of the space, ‘sound’ is to be experienced. From the pedagogical perspective, this kind of concept would run the
risk of permanently ‘sprinkling’ and thus overwhelming the visitor [cf. Welsch 1996]. For this reason, it was
decided to let visitors go through areas of silence in between the perception of single artworks. These areas,
again, allow the visitor to deliberate and maybe to challenge the audio contents. Provoking a distancing, the
auditive concept aims to provide more than one perspective on the museum and the artworks. At the same time,
it intends to supply an extraordinary and entertaining aural experience, keeping up with the actual trend of
designing and exploring virtual spaces.
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4.3.2.2.4.3 Architectural Aspects

The spatial design of a pedagogical LISTEN application should visually mark the difference between the
‘regular’ museum space and the audio-augmented environment. Its most important task consists of stimulating
visitors to move freely through the installation instead of simply pacing off the walls. The main architectural
components of the “Macke Labor” are four free-standing walls, a rubber floor and a turquoise colouring (c.f.
Figure 89). Stepping into the room, visitors are able to notice a kind of ‘border’: Because of the rubber floor, the
experience of walking is intended to feel different from the one on parquet. The four new walls not only serve
for the installation of the paintings but also guide visitors into and inside of the LISTEN environment.
Moreover, the wall at the entrance provides brackets for the headphone and storage space for a laptop, charging
stations and the catalogues. The two walls located in the middle of the room divide the space into smaller
sections that are meant to be noticeable but still ‘open.’ By this means, a sensation of an interior or a passage is
evoked, matching the aural content. The free-standing walls are painted with the same turquoise colour as the
floor. By producing a ‘clinical’ atmosphere, this colouring is meant to correspond to the technical character of
the LISTEN medium. Cooperating with a cool illumination, it freely associates a laboratory environment – as a
space for conducting experiments.

Figure 89: Floorplan of "Macke Labor"

The architectural components intend to let visitors perceive the “Macke Labor” as an intervention in the
museum and a temporarily restricted environment. For the same purpose, a gap of 4 cm between the new walls,
the floor and the museum walls indicates a small but perceptible distance to the existing architecture. In a
LISTEN environment, body and space form the interface to recall information. Therefore, the architectural
concept means to make visitors aware of their physical presence in the museum and to intensify the experience
of one’s body in relation to the surrounding space.
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4.3.2.2.4.4 ‘Workbook’

The “Macke Labor” as a physical pedagogical demonstrator is meant to supply significant additional results in
terms of a public LISTEN-evaluation. In the context of this evaluation, partner KMB planned to provide a kind
of ‘supplement’ for the environment. This ‘supplement,’ on the one hand, should motivate visitors to fill out the
evaluation form, being available in exchange for a completed questionnaire. To enhance the incentive, the
‘supplement,’ provisionally called a ‘workbook,’ was intended be well designed and attractive. On the other
hand, it should offer explanatory advice and a documentation of the previous experience. For reasons of
dramaturgy, the persons speaking do not introduce themselves within the environment and can only be
identified by what they speak of. For partner KMB, it thus was essential to explain who is talking and to identify
the quotations. Moreover, the ‘workbook’ provided a possibility to illustrate aspects of the LISTEN technology
and – at least after the experience – to make visitors aware of different ways to activate the audio content. By
means of the imprint, it can deliver an insight into the complex LISTEN production process and the professional
skills required.

The ‘workbook’ – finally entitled “Materialbuch” (“Book of Materials”) – was not to be handed out until after a
visit of the exhibition. Comprehending all texts and reproductions of the artworks, it enables visitors to
reconstruct the experience and even find contents they had not heard during their stay. A floor plan placed on
each page interconnects content and position and offers the possibility of exactly retracing the previous path.
The inventive design picks up the turquoise colouring of the space and, by a different typography, distinguishes
among the varying types of information. From the layout, it is evident that the ‘workbook’ and the questionnaire
belong together, both of them establishing a basis for the public evaluation.

4.3.2.3 Technology

The hardware installation of the “Macke Labor” was for the most part identical to the one used for
“Raumfaltung,” with the exception that a different tracking system was used. The most important technological
difference between the two lies in the software concept of the Atlantik Realtime Environment Engine that the
“Macke Labor” is based on. The installation of the hardware for the “Macke Labor” was done as unobtrusively
as possible in order not to distract attention from the artworks exhibited. All machines were installed in an
acoustically isolated machine room adjacent to the exhibition space. In the exhibition space itself, the cameras
of the tracking system were mounted on the ceiling, and an additional laptop computer served as a remote
control for the museum personal at the headphone handout. The technology of the “Macke Labor” can be
subsumed in four separate hardware components:

• The tracking system, observing the positions of the visitors within the exhibition space

• The Realtime Environment Engine, modelling a time-based adaptive narrative from the position input
and a given database of content modules

• The Sound-Server, rendering the sound in real time in order to create the illusion of a virtual sound-
scene augmenting the exhibition space

• The wireless headphone system, transmitting the rendered sound to the headphone of the visitor.

4.3.2.3.1 Tracking System and Network

The tracking system used in the “Macke Labor” was, unlike the tracking system in the “Raumfaltung”
installation, a commercial camera based tracking system produced by A.R.Tracking in Herrsching, Bavaria
(www.ar-tracking.de). The set-up consisted of infrared cameras mounted on the ceiling of the exhibition space
that were connected to a Windows PC in the machine room via a standard Ethernet network. The PC processed
the camera data using the A.R.T. Dtrack software. The set-up used was capable of tracking a maximum of three
head-mounted targets with 6 degrees of freedom by evaluating how the geometric visual target mounted on each
headphone was depicted in the individual cameras. This limited the maximum number of simultaneous visitors
to the “Macke Labor” to three. The tracking frame rate (number of position values per second) was used at the
maximum setting of 60Hz, creating a new position message every 17 ms. A special modification of the Dtrack
software allowed the visitor tracking information to be sent to the Sound-Server and Avango PCs via Ethernet
using a TCP/IP based OSC protocol for transmission (http://www.cnmat.berkeley.edu/OpenSoundControl/).
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4.3.2.3.2 The Sound-Server

The Sound-Server is an application based on the Max/MSP signal-processing infrastructure, expanded for the
use in LISTEN by proprietary objects for network communication, resource management, geometry and
arithmetic processing developed at Fraunhofer IMK – and of course the objects for sound rendering produced at
IRCAM (Spat~). A Sound-Server is assigned to each visitor, for whom it renders the sound in real time. The
tracking data of the assigned user is processed on two levels: First, it is used to immediately adapt the rotation
and distance of the virtual sound sources to the motion and position of the visitor’s head. Secondly, each Sound-
Server is connected to one instance of an Environment Engine based on the Avango VR framework (Fraunhofer
IMK, www.avango.org) via a network connection using the OSC protocol. The communication is two-way: The
Sound-Server continuously updates the visitor position in the Environment Engine, while the Environment
Engine, as the core of the actual “Macke Labor” application, allocates, interconnects and controls the rendering
resources by setting the realtime-parameters of the Sound-Server. This allows a dynamic creation of signal paths
for sound processing and synthesis. The network interface implements a purpose-built set of OSC commands.
The Sound-Server is described in more detail in the section 3.4.3.3. In the “Macke Labor,” the main
functionality of the Sound-Server is the controlled playback of pre-rendered sound files in the 4-channel
Ambisonics format and their dynamic spatialisation (rotation).

Figure 90: “Macke Labor” hardware set-up diagram
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4.3.2.3.3 The Avango application: The Atlantik Environment Engine

There is one instance of an Environment Engine (EE) for each visitor. It is based on the concept of the
“Atlantik” environment infrastructure and implemented within the VR framework of Avango. As the core of the
“Macke Labor” application, it represents the most important difference in concept between this LISTEN
application and the “Raumfaltung” installation. Using Avango’s geometric scene graph, the “Macke Labor” EE
makes significant locations in the room available to the evaluation of the relative path of the visitor, and to the
placement of virtual sound sources within the exhibition space. Next to performing the necessary geometric
calculus, the EE generates all interactive spatio-temporal behaviour of the “Macke Labor”:

• Determining the spatial and behavioural context of the visitor by filtering the position and path
information received from the tracking system (through the Sound-Server) with virtual sensors

• Continuously refresh the current context of the visitor represented by a set of status objects. The status
vector of the “Macke Labor” embraces spatial and behavioural contexts that are an immediate result of
the geometric and temporal evaluation of tracking data as well as narrative contexts that are created by
the history of the visitor within the environment and represent the visitors evolving “experience.”

• Assembly of a continuous adaptive time-based narrative from pre-fabricated modules, implying the
control of the playback, dynamic spatialisation and mapping of tracking data for parametric interaction
with the audio using the Sound-Server.

For a description of the content structure and the interaction of the visitor and the audio content in the “Macke
Labor” please refer to section 4.3.2.4. The EE generates the spatio-temporal dramaturgy of the audio content by
sending OSC control messages to the Sound-Server that command the start and stop of sound files,
modifications in the processing of the sound, and finally controls its spatialisation in real time. To limit possible
failures of the Sound-Server, all audio content was played back from pre-rendered sound files, and the real time
processing of the sound was limited to parametric interaction in volume and spatialisation. The output of the
Sound-Server has two layers: A finalised two-channel output which was ready to be displayed through the
visitor’s headphone, and an additional four-channel Ambisonics-encoded layer transmitted to the AKG LISTEN
headphone system to be decoded into a binaural signal before its transmission to the headphone worn by the
visitor.

4.3.2.3.4 The headphone system

The headphone system consists of the DSP platform (c.f. section 3.5.1.3), an antenna amplifier plus antenna and
the LISTEN headphone (c.f. section 3.5.1.1). The DSP platform has two types of input: a stereo (direct) input
that is transmitted directly to the wireless headphone, and a four channel input for a first order Ambisonics
signal that is processed via a hardware Ambisonics to binaural matrix before being transmitted to the wireless
headphone. The hardware Ambisonics decoder was used for most of the material in the “Macke Labor” as it
greatly reduces the processing load required on the Sound-Server machines. Although the headphone system
provides transmission channels for a maximum of 15 individual headphones, eight hardware units were
available to encode the radio signal for one headphone each, that were used indeed for the eight headphones in
“Raumfaltung.” The tracking system used for the “Macke Labor” however limited the possible number tracked
visitors to three.
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Figure 91: Views of the machine room of the “MackeLabor”

4.3.2.4 Content

The audio content of the “Macke Labor” can be described as an attempt to apply a radiophonic strategy of sound
utilisation in combination with LISTEN-specific aspects of open form and it’s methods of sound processing,
spatialisation and interaction in the context of didactic mediation for an art museum. The concept underlying
LISTEN embraces the modelling of specific relationships between the physical space, the virtual sound scene,
and the behaviour and interaction of the user within both – which is experienced as a new kind of multi-modal
content by the visitor.

4.3.2.4.1 Predisposition of the interaction

In order for LISTEN to be an intuitive service to museum visitors, behaviours commonly observed in art
exhibitions were used as anchor points for the design of user navigation and interaction: In a museum show
without auditory guiding, the common behaviour of a visitor is to enter the exhibition site with a possible first
look around to get an overall orientation within the room – then walking toward an exhibit which has caught
ones attention – standing and looking, perhaps moving even closer or trying to observe it from different angles
and distances, or looking left and right for adjacent exhibits. When having seen enough, the visitor moves on to
another ‘object of interest’, and the process is repeated. An ‘object of interest’ is a visual landmark within the
space that attracts the attention of the visitor – in our case, the works of August Macke.

4.3.2.4.2 Predisposition of the audio content

Following the internal discussions the audio content of the “Macke Labor” (see section 4.3.2.2) was not geared
to primarily create experimental LISTEN-specific formal relationships between space, sound and motion, but
rather to apply LISTEN for the intuitive accompaniment of a visit to the exhibition space, following a concept of
“mediation.” The content to be used was largely speech-oriented. The use of speech for the conveyance of
educational content and ‘information’ requires the adherence to timing conditions implied by the presentation of
speech based semantic structures – such as the contiguity of sentences and paragraphs. This sets limits to the
temporal behaviour of the adaptation of spoken content, colliding with the need for quick reaction to the visitor
motion and behaviour. Sound effects, soundscapes and atmospheres may allow a much finer temporal
granularity – the starting, stopping and interrupting has much less influence on the semantic aspects of the sound
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material (this of course changes immediately when the event created has a temporal relationship to the
interaction, behaviour, or other audio material, such as in a composition). To be able to generate a responsive
narrative structure while accommodating a sufficient amount of semantic coherence, the script separated units,
or ‘modules’ of spoken content, with or without accompaniment of atmospheres and soundscapes.

4.3.2.4.3 Attaching audio content to the exhibition room

Based on the above consideration, the audio presentation the LISTENER hears is assembled from time-based
elements that determine on a shared timeline:

• “what” is being heard, the generation of audio material – in the case of the “Macke Labor,” this is the
layer occupied by narrative instrumentality – the recordings of the voice actors, soundscapes, sound
effects.

• “from where,” the spatialisation and localisation of the sound – staging the sound ‘virtually’ within the
physical space.

• The interaction with “what” and “where” – all parameters in which the above are interactively
influenced by the motion of the visitor.

The first layer of audio content is in the “Macke Labor” generated from material produced along radiophonic
principles. This radiophonic content is then attached to the physical space – meaning for the visitor to
perceptually group the audio content to a visual structure, creating the desired multi-modal experience, instead
of the dissociated experience known from other headphone presentations (walkman). This grouping between the
sound and the space can be achieved with various strategies, a selection of which is used in different
combinations in the “Macke Labor.”

4.3.2.4.3.1 Grouping by locating virtual sound-sources

The most straightforward way to attach audio content to a location in the space – like a possible ‘object of
interest’ – is the location of a sound source at the object. The rules inherent to the use of virtual sound sources –
such as the difficulties of localising sounds in front, the ‘cone of confusion’ and the appropriateness of the signal
to be spatialised itself. Next to being fairly intuitive, the placement of a sound source stages the audio content
within the exhibition space, and in this respect also implies a decision to be made on the side of content
dramaturgy. This type of grouping is best applied together with semantic and interactive grouping.

4.3.2.4.3.2 Perceptual grouping though interaction

This is a LISTEN-specific strategy of grouping multi-modal content: Through direct auditive feedback on the
interaction of the user, sounds can be attached to objects and subdivisions within a space, resulting in a
perceptual grouping between elements of the different modalities. This employs the creation of a temporal
coincidence between the occurrence of a perceivable process in the interaction of the visitor – such as the
appearance/disappearance or motion of objects in the visitor’s field of vision through motions of the head, or the
entering or leaving of a visually marked subdivision of the exhibition space – and changes to the audio
presentation such as the appearance or disappearance of sound or perceivable changes in sound parameters. The
grouping becomes stronger, the more pronounced, clearly marked or impulsive both of the grouped perceptual
processes are.

4.3.2.4.3.3 Semantic grouping

The most trivial and traditional way to create coherence of course, also used by personal museum guides and
traditional audio guides, is the creation of semantic links between the audio content and the object of interest.
This can be done by continuously referencing or describing the object, ‘pointing’ the attention of the visitor to
the object. Semantic grouping is most effective verbally – however, combinations of words and soundscapes are
also effective – this grouping strategy works by itself, but can of course be enhanced by location grouping.

Used in combination, the strategies of grouping the content and the visual exhibition can create ‘perceptory
devices’ that allow an even stronger attachment between the two elements. Semantic grouping, already created
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during the authoring of the script, is an exception in this context, as the other two strategies are realised as a
functionality of the LISTEN Sound-Server connected to an Atlantik Environment Engine.

4.3.2.4.4 Construction of presentation modules of the “Macke Labor”

Following the Atlantik concept of content authoring, the modules for narrative instrumentality planned in the
script were implemented as ‘chronomers’. This required producing the basic sound material such as the
recording of any speaking voices included, and the addition of possible sound effects or soundscapes.
Depending on the content of the sounfile, the pre-rendering was then applied to encode the sound material with
the possible addition of an acoustic room response into a 4-channel-Ambisonics-, mono-, stereo- or 6-channel
soundfile, which was made available to the Sound-Server. In the Environment Engine, a new chronomer needed
to be instantiated offering all necessary functionality to control the access to the pre-rendered soundfile, its
playback and spatialisation as well as the aspects of interactivity inherent to the ‘perceptual device’ used to
connect the perception of the audio to that of an ‘object of interest’.

4.3.2.4.4.1.1 Sound functionality

The audio content in the “Macke Labor” has a several functions to fulfil:

• a semantic function, conveying information and ‘meaning’

• the attachment of this meaning to the objects and subdivisions of the exhibition room

• creating necessary functional feedback about the progress of the environment.

In the “Macke Labor,” all of the audio content heard has a semantic layer of spoken word, as the use of solely
non-verbal sound elements was dismissed during the discussions (see section 4.3.2.2). It was decided that the
use of non-verbal elements for the sonification of system functionality (such as to signify the system has
detected that the visitor gazes on one of the paintings) was not appropriate to be used in the art-museum context
of the “Macke Labor.” As a consequence, the non-semantic functionalities of the sound were integrated into the
modules carrying the narrative content.

4.3.2.4.4.1.2 Design considerations

The choice and use of ‘perceptual devices’ is not only a question of technology, but needs to be discussed with
its implications on the dramatic and choreographic aspect of the visitor experience in mind. Depending on how
the audio content ‘addresses’ or interacts with the exhibition space, its perception may shift from being
functional or instructive to becoming playful and whimsical, from sharpening the visitor’s sense for the
experience of sound and movement, possibly distracting attention from the paintings, to becoming completely
obscure. It determines to what degree the visitor needs to make a conscious effort in the use of the environment,
or is able to forget about the LISTEN headphone. It was therefore a task of the “Macke Labor” team to design
the interaction as a balancing act between animation and playfulness on the one hand, and the desired
intuitiveness and ‘invisibility’ of LISTEN on the other – a compromise between the functional gathering of
information about the displayed art object (comparable to an audio-guide) and the sensitisation of perception by
the employment of a multi-sensory environment which is a part of the overall design question posed by the
“Macke Labor”: What can a modern-day form of mediation ‘look’, ‘feel’ and ‘listen’ like at all?

4.3.2.4.4.2 Example1: Encountering the art-historian, a standard ‘perceptual device’: a combination of

localised sound source and amplitude based interaction

The basic layer of narration in the “Macke Labor” is carried by a female ‘art-historian’ and a male ‘trainee’. The
visitor encounters these voices in several occasions in the room. They are conveying the art-historic portion of
the narration. The spatial room response added to the voice in the process of pre-rendering is very subtle,
focussing on the ease of listening to the voice and strengthening the work of the voice actor rather than depicting
an acoustic reality. The perceptual device applied to group the listening to the voice to the visual perception of
the painting is twofold:

First, the virtual sound-source is located at the painting referenced by the voice. This results in a panning of the
sound source in coherence with the motion of the painting in the field of vision. A feature to be noticed here is
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that because sound sources in front are not easily localised, the location of the voice is ‘somewhere in the
middle’ as long as the visitor looks straight at the painting. The attachment of the voice to the painting becomes
more apparent when the visitor turns the head, resulting in a panorama shift that allows a better localisation of
the sound source.

Second, the amplitude by which the voice is played to the visitor changes with the angle in which the head of
the user points. When the user is pointing straight at the painting, the level is highest, decaying when the user
transgresses as certain angular tolerance. This is a feature not inherent to real sounds, and works in terms of
signifying the visitor that the presentation is about to stop when the gaze is taken further away from the painting.
The same amplitude shift happens when the visitor increases the distance to the painting.

4.3.2.4.4.3 Example2: An exchange of letters between Elisabeth Macke and German museum staff in the Nazi

aera – Applying amplitude-based interaction only (SMG_Letters)

In another module, voice letters from the time of third Reich Germany are quoted, illustrating Elisabeth Macke’s
engagement in protecting the works of her deceased husband from the hands of the curators of the exhibition
“Entartete Kunst.” An introduction by the art-historian is followed by the recitation of three letters, each of
which composed into a specific spatial situation ‘surrounding’ the user: The sound-sources, apart from the art-
historian, are not placed at the painting, some are even located behind the visitor. The grouping of the content to
the painting is created entirely by the interaction with the amplitude, as described above.

4.3.2.4.4.4 Example3: The “Journey to Tunisia”

The “Journey to Tunisia” represents a content which is not attached to a single work of August Macke, but to a
subdivision of the exhibition space, displaying works produced during the journey or relating to it. The visitor is
engulfed by a spatial soundscape composed of on-location recordings from Tunisia. This sound-scene coheres
with the physical space in orientation, however, the sound events within it are not directly attached to physical
objects or works of August Macke. The soundscape is superimposed by two voices, representing August Macke
and his travel mate, Paul Klee. While the soundscape coheres with the surrounding space, the two voices remain
positioned half-left and half-right behind the head of the visitor, creating an intermediate layer between the
visitor and the images evoked by the soundscape. The soundscape itself is obviously dissociated from the
exhibition space and its architecture, but is, nevertheless, part of a semantic ‘network’ involving the sounds, the
voices and the works created from the journey surrounding the visitor. A second level of coherence is created by
means of interaction: The soundscape is only heard within a designated zone in the exhibition space, visually
marked by the architecture. When the visitor exits this zone, the audio presentation fades out and pauses,
continuing when the visitor re-enters. In this way, the “Journey to Tunisia” employs a combination of semantic-
and interaction-based grouping to connect audio content and exhibition space.

4.3.2.4.5 Assembling the time-based narrative from the pre-fabricated modules

As the visitor walks, he/she passes through various contexts – these are created by the presence of ‘objects of
interest’ in the space – but are also changed depending on the history of the visitor within the exhibition,
including all the visitor has seen – or heard – up to the present point. Using the Atlantik infrastructure, each of
the 46 presentation modules or ‘chronomers’ created from the script were equipped with a set of context
conditions under which it was supposed to be presented to the visitor, and what changes it in turn implies on the
context of the visitor – the narrative progression of the environment – when presented. The conditions contain
behavioural contexts of the user in respect to the ‘objects of attention’ (such as looking at a certain painting,
being in a certain zone) and conditions of narrative progression (creating temporal interdependencies between
the modules). The momentary state of the user, against which these conditions were evaluated, was modelled in
a status vector, embracing all aspects of the user’s visit necessary to select the appropriate content and generate
the narrative structure of the script.
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Figure 92: The status vector is displayed in the Environment Engine

The behavioural context of the visitor was determined by filtering the tracking path of the user with virtual
sensors. Two types of sensors for spatial context were applied: Sensors detecting where the visual focus of the
visitor rests (on which painting), and sensors for the presence of the visitor within certain subdivisions of the
space (Bonn and Tunisia zones).

4.3.2.4.5.1 Spatio-Temporal ascertainment of contexts

The context in which the visitor perceives him or herself is not entirely depending on the spatial position, but
more on the ‘inner world’ of the visitor, which is of course a mystery to us. It was necessary to make the
determination of the spatial constraints as user-friendly as possible in order for the navigation to be an intuitive
one. As the presentation modules were rather long, it was not to be expected that the gaze of the visitor would
rest exactly on the painting during the entire presentation, thus making it necessary for the entrance into a
context to apply a different spatial condition than for the exit. In the “Macke Labor,” the visitor ‘enters’ the
context of ‘looking at a painting’ (focus) if he or she looks toward a fairly large area surrounding the painting
for 3-6 seconds (depending on the painting), and remains within a certain distance from it (2-3 m, also
depending on the painting). The context of the painting is left when the user has the head turned away more than
90° from the painting for longer than 6 seconds, or if the distance to the painting becomes greater than 2-3.5
meters for the same amount of time. Making the entrance and exit points to a context different allows for the
contexts to behave with a certain viscosity such as to allow a relatively free motion of the head, trying to avoid
the generation of a ‘nailed down’ feeling in the visitor.

4.3.2.4.5.2 Narrative contexts

The use of narrative contexts in the “Macke Labor” allows the room to change over time. The changes to the
user context created by the presentation modules themselves allow the deepening of content during the course of
the environment. In the present use within the “Macke Labor,” this is applied to make the “Tunesia” and ”Bonn”
zones/experiences available or unavailable depending on the previous behaviour of the user – allowing the
respective subdivisions of the exhibition space to shift between a spatial soundscape presentation filling the
‘zone’, and individual presentations to be heard at each of the paintings.

4.3.3 Evaluation

The evaluation of the “Macke Labor” is divided into two parts: formal and informal evaluation.
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4.3.3.1 Formal Evaluation

4.3.3.1.1 Preliminary Remark

The present section introduces the user evaluation conducted as part of the second public LISTEN-demonstrator.
As explained in another context (see section 4.3.2.2) the so-called “Macke Labor” (Macke Laboratory) was
publicly presented at the Kunstmuseum Bonn in autumn 2003. It was designed as an audio-visual environment
on artwork by August Macke, introducing the LISTEN-medium to an educational context. Comparable to the
visitor assessment initiated on the basis of “Raumfaltung” – the artistically motivated application and also
demonstration of LISTEN (see section 4.2.3) – evaluation was concerned about aspects of the “appropriateness
and acceptance of the LISTEN concept and design” in an art exhibition domain (DoW T8.4, [DoW 2001]).

The “Macke Labor” can obviously be interpreted as a contribution to the contemporary discussion on auditory
guidance. It touches on a field of research, which in museum circles has been considered only selectively up to
now. As in “Raumfaltung,” analysis was based on visitors’ feedback, drawn from the examination of
questionnaires. In the case of the “Macke Labor,” this formal type of evaluation could additionally be
supplemented by a statistical observation of visitors’ tracking data, which were obtained from an excerpt
number of 144 ‘traced’ visits to the environment. Taking advantage of the unique possibility of visualizing
visitors’ paths in graphical reproduction, one might even be able to distinguish aspects of perception, usually
‘invisible’ when evaluating verbal estimations only, as for instance visitors’ individual spatial and temporal
behaviour on-site. The users of the “Macke Labor” were invited to investigate the LISTEN-environment freely:
what about their intuitive physical movement? Were all exhibits visited equally; and was all obtainable auditory
information listened to with the same endurance? Moreover, what about visitors’ general interests and
preferences? Which statements or descriptions did they give concerning their personal experience?

4.3.3.1.2 Context: Basic Condition

The audio-visual concept of the “Macke Labor” picked up on the practical knowledge with common audio
guides and supplemented this language-based form of informative accompaniment throughout a museum with
radiophonic as well as stereoscopic sound elements. The “Macke Labor” was designed as a temporal one-room
scenario. Wanting to provoke an ‘open’ kind of reception – in art-object-related, spatial as well as educational
terms – it also made use of a specific architectural setting which attempted to expose certain subdivisions within
the environment, just like establishing different ‘spaces in space.’

The environment was on display for 6 weeks (October 15th – November 23rd 2003). For the audio-visual
experience on-site, three LISTEN-headphones were provided. Because of the great demand, a further number of
three un-tracked headphones was offered, which at least allowed listening in pairs: one visitor would be
equipped with (tracked) LISTEN-headphones, the other one ‘going along’ with him/her, perceiving the same
auditory information as the person with LISTEN-headphones, but not having the possibility of individually
navigating through the installation.

Before entering the environment, visitors had to pass an architecturally integrated counter desk (see Figure 93)
where the headphones were handed out. During a period of 35 official days of opening, a total of 1670 visitors
walked into the environment using headphones (on the average this is approx. 278 visitors per week; 48 visitors
each day of opening). After having experienced the “Macke Labor,” the visitors who had used tracked LISTEN-
headphones were asked to complete a questionnaire. As some special kind of incentive as well as gratitude,
those who participated in the evaluation received a free “Materialbuch” (“Book of Material”) on the pedagogical
scenario. Altogether a total of 699 questionnaires were collected. From the formal point of view, most of the
questions were to be answered by marking prepared answers. Occasionally there was room for personal
annotations too, an option which was made use of quite receptively. Some practical results of evaluation will be
given in the following sections.
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Figure 93: "Macke Labor" headphone counter

4.3.3.1.3 Evaluation of Questionnaires

4.3.3.1.3.1 Temporal Behaviour and Expectations

As in “Raumfaltung,” special interest was given to visitors’ temporal behaviour. Asked about the time they had
spent in the “Macke Labor”(see Figure 94), 46% of the evaluated persons marked they had remained for
“approx. 30 minutes or longer,” 40% for “approx. 20 minutes,” 13% for “approx. 10 minutes” and 1% for
“approx. 5 minutes.” These results might largely depend on the specifics of educational guidance in general. As
we learned from formal as well as informal visitor statements, many people were very interested in knowing
about the period one would ‘need’ to spend when wanting to perceive all the available auditory content. (In fact,
listening to all information would have taken approx. 50 minutes of time.) We also collected some visitor
statements on this point, e.g. “sometimes one would like to know about the length of the contribution.” Yet one
should consider that the visitor annotations, which were concerned about this issue, did not exceed a number of
approx. 20 statements. In relation to the 699 estimated questionnaires, they represent a comparatively small
group of persons who commented on this LISTEN-specific designing in terms of being problematic. As
explained in another context (see section 4.3.2.2), the language-based elements of the scenario were designed as
modules, which were intended to be ‘activated’ and/or ‘de-activated’ intuitively (e.g. when deciding to ‘call’ on
an exhibit, or when walking away again). They were composed as a loose succession of ‘particles’ on a certain
painting and subject, which could be ‘networked’ by walking through the environment instinctively. The given
annotations might possibly have to be interpreted as reflections on this aspect.
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1%
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46%
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Figure 94: Time of remaining in the "Macke Labor"

As mentioned before, some people asked for information about the final ‘end’ of the auditory presentation, e.g.
“one can’t find out if ‘everything’ on a painting has already been listened to.” There actually was an auditory
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‘sign,’ intended for signalling the very moment one would have activated all available information on a specific
exhibit: in this case, a dynamic murmuring of voices. However, due to technical problems this signal was not
presented for a couple of days. Interestingly enough, it was especially in this period that people gave emphasis
to the “lack of some kind of information about the ‘end’” of the auditory distribution. But still, from the
informal observation of museum staff we know that several people even seem to have interpreted this signal as a
technical defect as well.

Furthermore, the expectation of perceiving every single bit of information might also be derived from visitors’
personal experience with common audio guides, which mostly tend to present auditory information that would
cover no more than two or three minutes of time. In summary, one could state that the greatest amount of
visitors could be taken as ‘experienced’ in using auditory guidance. Altogether a total of 64% of the evaluated
persons marked that they had already experienced audio guides before (see Figure 95): from this group 35%
verified their use of an audio guide-system for “one up to three times,” 29% even confirmed “when offered I use
audio guides for the most part.” On the other hand, a further group of 36% answered that they had “never
before” used audio guides.

no statement
0%

(1 person)

1-3 times
35%

(246 persons)

if offered, I mostly 
use them 

29%
(200 persons)

never before
36%

(252 persons)

Figure 95: Use of Audio Guides

4.3.3.1.3.2  Auditory Content

In terms of evaluation, we asked visitors to personally characterize the auditory information presented in the
“Macke Labor,” this time suggesting specific terms of description, which could be responded to by marking
three different grades of agreement. After their experience on-site, 68% of the evaluated persons characterized
the presented auditory information as “helpful” (see Figure 96), 17% would apply to this description at least
“partly,” 2% “no[t]” at all (14% gave no statement). Concerning the auditory information as being “irritating,”
55% responded with “no,” 16% with “partly,” 2% with “yes” (25% gave no statement). When asked for a
graduation of the auditory content of the “Macke Labor” in terms of its being “varied,” 72% of the evaluated
visitors replied “yes,” 8% agreed “partly,” 1% “no[t]” at all (19% gave no statement). A further point was trying
to find out about a description of the auditory information as being “stimulating, [it] makes curious”: this time
79% marked “yes,” 12% “partly,” and 2% “no” (7% gave no statement).
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Figure 96: How would you describe the auditory information presented in the "Macke Labor"?

From the content-related point of view, there was a concern about visitors’ preferences for certain types of audio
guide-information, giving special emphasis to the auditory elements used for content design (see Figure 97). In
this case – without being asked explicitly – most people marked more than one answer. Therefore analysis was
carried out in relation to the total of 699 ascertained questionnaires, studying any possible answer separately.
Results were quite distinctive: 57% would imagine the ‘ideal’ presentation of auditory content “as a mixture of
speech, music and sound”; 30% marked “[they would] prefer being surprised (wouldn’t like to stipulate
[themselves]).” A group of 28% would like auditory information to be arranged “as an entertaining
story/narration,” 16% “as pure factual information (speech)” and 1% “as music and/or sounds exclusively.”
Although the statistical evaluation of this question is problematic from the methodological perspective, one can
ascertain two groups of extremes: there was a total of 57% who would like auditory contents to be designed “as
a mixture of speech, music and sound,” and another group of only 1% who would ‘ideally’ imagine audio guide-
information “as music and/or sounds exclusively.”
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Figure 97: How would you imagine Audio Guide content in an ‘ideal’ form?

4.3.3.1.3.3  Combination of Visual and Auditory Elements

As in “Raumfaltung,” we were interested in visitors’ personal reports about the combination
(“Zusammenwirken”) of visual and auditory elements in the “Macke Labor” (see Figure 98). For evaluation, we
suggested specific terms of description which could be responded to by marking three different grades of
agreement again. 56% of the evaluated 699 visitors would describe the presented combination of visual and
auditory elements as “coherent,” 23% would use this term “partly,” 1% “no[t]” at all (21% gave no statement).
Asked for a characterization of it as “confusing” 49% would reply with “no,” 15% with “partly,” 2% with “yes”
(34% gave no statement). A possible description of the combination as being “boring” was answered by 54%
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with “no,” by 10% with “partly” and by 2% with “yes” (35% gave no statement). A total of 65% of the visitors
to the “Macke Labor” would describe the experienced combination of Macke’s paintings with the auditory
information as “enriching,” 13% would respond to this term “partly,” another 1% “no[t]” at all (21% gave no
statement). We finally asked about a characterization of the “Macke Labor” as a “successful overall
impression”: 67% marked “yes,” 12% “partly,” 1% “no” (21% gave no statement).
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Figure 98: How would you describe the combination (Zusammenwirken) of August Mackes' paintings and the

auditory information in the "Macke Labor"

In this context one can analyse some very clear directions evidenced by the personal opinions. Altogether we
could maintain approx. 155 annotations on this question. The following selection will give at least a small
impression of the records made, reproducing it as an unsorted listing of different estimations, which could be
structured into certain points of concern, e.g. general annotations, notes on the educational content, on
technological aspects as well as on the auditory augmentation. Visitors to the “Macke Labor” described the
audio-visual arrangement as: “an absolutely new kind of experience – great!” / “the audio-content was very
coherent with the paintings; voice-collage: very chaotic; sounds: very good” / “it’s been great that there were
always different voices and that they always spoke in the convenient mood” / “through the auditory guidance
one can immerse oneself into the paintings by Macke” / “because of the different methods of information
(interview, diary, phone call) one remains concentrated constantly” / “coherent, but at the same moment
irritating too – instead of relying on looking, one waits for new information” or “one should be looking at the
paintings without headphones first, then using them for a while and finally, for the best, without them again” /
“it’s great that one can exercise an influence about the choice of which painting one would stand in front of and
be informed about, and in front of which only a little. I also liked the fact that there were different forms of
information (description, interview etc.)” / “fascinating” etc.

A few visitors had very clear expectations about the auditory information they would like to receive.
Interestingly enough, some further statements did directly touch on the auditory augmentation, in terms of its
being ‘authentic’ or not. There were some comments on the soundscape presented at the beginning of “Kinder
im Garten” as well as on the interview with the restorer in front of “Farbkomposition.” Both examples were
deemed explicitly by some visitor to be “incoherent,” because of the differences between the visual and the
auditory information: in “Kinder im Garten” the street soundscape, for instance, was considered to be “not
historically adequate” by 3 persons; in “Farbkomposition” the temporal differences of the interview-information
and the visual presentation of the exhibit without passe-partout, which actually was a result of the interview, was
commented on negatively by approximately 10 visitors too. Interestingly enough, not a single person
commented on the temporal shift concerning the visual and auditory presentation given at the back side of
“Selbstporträt mit Hut,” a state of affairs which might be a reflection of the more ‘fiction’-based kind of
augmentation (in contrast to the interview situation in “Kinder in Garten” and “Farbkomposition”).

We noted that some visitors “would have liked more information,” others – in the contrary – described the
audio-information as “too lengthy,” a further group of people responded on the extent of the given information
as a “perfect selection and amount.” Quite a number of visitors applied special remarks on the sound collage



Deliverable: D1                            Final Report                                Version: 1.0                             Date of version: 31.12.2003

LISTEN  IST-1999-20646 112

presented in connection to the exhibits from Tunisia. From the aesthetic perspective, visitors seem to have
appreciated that kind of information a lot (e.g. “the ‘walk’ through the voyage to Tunisia is successful. The
soundscape works really authentically”), but we also collected approx. 10 statements, which certify some
persons’ problems with the content-based “attribution” and/or “localization”: some visitors seem not to have
realized the differences between a ‘viewing-based’ and a ‘zone-based’ interaction: “to me the auditory
attribution was not easy to comprehend with the specific paintings from Tunesia” / “the transitions in the voyage
to Tunesia were not represented clearly between the texts and paintings” or the like.

There were also a couple of notes which can be interpreted in terms of visitors’ sensitised perception.
Interestingly, one can learn about the concern of having to listen and to look simultaneously, a phenomenon
which was registered in the context of “Raumfaltung” already and which was commented upon in various
distinctions again. A selection of some remarks will be given in the following: “I have been looking at the
paintings much more intensely and took for myself an increased amount of time” / “exhausting; apparently I
can’t ‘read’ when listening to the ‘radio’” / “it distracts from the painting too much” / “I have not been looking
at the pictures very precisely for I was testing the instrument” / “one looks differently” or “at some point very
successful, at other points the experience of looking clashes with the imaginative realization of the audible.”
Such comments might even be interpreted in terms of some kind of ‘competition’ between the visual and the
auditory. Interestingly enough, a comparable discussion has been raised in every evaluation which was
conducted in the context of the LISTEN-project up to now. This subject would obviously be worth separate
observation and study.

Due to technical defects, which apparently emerged during a period of approx. 7 days, the tracking did not
operate correctly. Especially during this period, visitors commented on this issue too, for their position tracking
on-site did not always work well. We received notes such as: “the sound disappeared in between” or “overall
impression a little dimmed because of technical malfunctions” or “technology is not always reliable (breaks in-
between).” The given annotations seem to refer back to tracking problems mainly. As explained in another
context, the “Macke Labor” did not use the original LISTEN-tracking but instead a rented video-tracking-
system. From the perspective of the LISTEN-medium – which is to be evaluated in this paper –, it can be stated
that the LISTEN-system (and headphones) were principally operational and therefore available during most of
the time of the exhibition.

In overview, we can summarize that the evaluated persons responded mainly positively about their audio-visual
experience. There were many statements which described the “Macke Labor” as “a very good, progressive idea”
/ “in my opinion a very innovative system, which can be improved, but it will address young, media-orientated
people too” / “excellent! not only explanations, but the context has been viewed too” / “recommendable” and so
on. To find out about some general kind of “acceptance” of the LISTEN-medium, we asked for visitors’
personal evaluation of the attractiveness of LISTEN in a museum context generally (see Figure 99): 56% would
consider this service as “very desirable,” 35% as “good,” 2% as “not suitable,” another 2% marked that they had
“no opinion” on this (5% gave no statement). As in “Raumfaltung,” we additionally asked visitors if they would
recommend a visit of the “Macke Labor“ to their friends or family (see Figure 100): remarkably, 90% answered
with “yes,” only 4% with “no” (6% gave no statement). – 15% of the evaluated visitors marked that they had
already experienced the audio-visual LISTEN-installation “Raumfaltung” in the summer of 2003.
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Figure 99: Attractivity of a LISTEN-audio guide in a museum context in general
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Figure 100: Will you recommend a visit of "Macke Labor" to your friends or family?

4.3.3.1.3.4  Aspects of Interaction

The evaluation touched upon aspects of interaction as well. In contrast to the artistic LISTEN-demonstrator
“Raumfaltung,” the compositional structure of the “Macke Labor” allowed a more distinctive analysis of
visitors’ acceptance of the introduced forms of interaction, because their ‘effectiveness’ and ‘functionality’
could be interpreted more directly. We asked the evaluated persons how they personally experienced the
‘activation’ of auditory information (technological functionality) in the “Macke Labor,” emphasizing that they
could give several answers (see Figure 101): 68% of the 699 evaluated persons acknowledged that the “auditory
information seemed to have been activated depending on one’s physical movement/position”; 4% marked “there
was no comprehensible connection between one’s movement/position and the activation of auditory
information.” There actually were more than 100 personal remarks on this question. As in “Raumfaltung,” some
people described their experience in terms of having to get ‘used’ to ‘the system’ first. We collected statements
of the following kinds: “I realized very late how I should behave” or “the longer I moved in the system, the
better I could cope with it” as well as positive self-observations such as “one can learn quite easily how to
navigate the textual segments.”
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53% of the 699 evaluated persons marked that they “were moving about very consciously, [their] attention was
increased.” Again there were several annotations, in positive as well as negative terms. Some visitors directly
elucidated their problems about specific forms of interaction (for an introduction on the applied forms of
interaction see section 4.3.2.4): A group of people for instance seemed quite confused about the fact that the
information distribution would fade out when turning the head away – not comprehending that this occurrence
was a consciously-applied functionality, put into operation as part of the “Macke Labor”-concept. Again, a few
visitors even interpreted this situation as a technical defect, as we know from informal observation by museum
staff as well as from personal notes on the questionnaires. Further remarks were given on the distance in which
the auditory information would be activated. Some people underscored that they would have liked looking at the
painting from a greater distance too, but in this case the audio information would have faded out.

Most of the personal statements seem to be referring back to conceptual decisions which were made because of
the restricted size of the environment as well as due to the number along with the closeness of exhibits in this
spatial framework. This issue touches upon one of the most essential results of the evaluation – particularly from
a production-based perspective (see section 4.3.3.2): striving for clear as well as intuitive forms of interaction,
modes which would be familiar and intelligible without an extra introduction, the conceptual idea was to go
back on aspects which can commonly be observed in the context of art perception (without auditory guidance):
walking around, deciding to step in front of a specific exhibit, moving forward or backward intuitively, at some
point turning away again, etc. In retrospect, many visitors seem to be far more ‘conditioned’ than originally
suspected in something one might call an “audio guide-behaviour.” When (informally) studying audio-guide
usage in other exhibition contexts, one can observe an surprising amount of visitors ‘dialling’ for information on
one specific exhibit but then freely gazing around, some even intuitively moving about, without changing the
information-track. The chosen forms of interaction in the context of the “Macke Labor” – which were interested
in the ‘power field’ of having to look and listen at once – might have been too strictly ‘educative’ from this
perspective.

On the basis of their experience on-site, we directly asked visitors about the kind of interaction they would
actually prefer [see Figure 10]: 46% would decide for “the activation of auditory information through going up
to or standing in front of an exhibit”; 11% marked that they would prefer “the possibility of ‘walking into’
auditory information when strolling through the exhibition space (playfully)”; and another 39% would decide
for “both equally” (4% gave no statement). – Moreover, in other context (see Figure 102) 25% of the asked
persons stated: “I would have preferred controlling more directly which information I’d be listening to.”
Another 26% marked they would sometimes have liked to repeat auditory information, just like ‘rewinding’.
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Figure 102: If you were asked to choose, which would you prefer?

4.3.3.1.3.5  Headphone Comfort

The questionnaire also included one question concerning the comfort of the headphones (see Figure 103). 45%
of the evaluated visitors described it as “pleasant,” another 43% as “good to sufficient,” 7% as “disagreeable”
(5% gave no statement). Similarly to the results in “Raumfaltung,” several persons added statements such as:
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“pleasant in the beginning, unpleasant when using it for longer” / “too huge” / “very heavy, one starts to sweat”
or “it wobbles too much.” Again – as in the evaluation of “Raumfaltung” – visitors tended to place that kind of
remark after having spent a certain period of time in the “Macke Labor” explicitly.

no statement
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(33 persons)disagreeable
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pleasant
45%
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Figure 103: Headphone comfort

4.3.3.1.3.6  Visitor Statistics

From the statistical perspective, the visitors to the “Macke Labor” can be observed as follows: 68% of the
evaluated persons were “female,” 31% “male” (1% gave no statement). The age of these persons can be
distributed (see Figure 104) in a group of 45% of the visitors who were “beyond 50 years,” another group of
32% who were “35-50 years,” 20% were “20-35 years” and only 3% of the evaluated persons marked they were
“up to 19 years.” That is to say: 77% of the evaluated visitors to the “Macke Labor” were older than 35 years.
The educational ‘level’ of the evaluated persons was quite similar (see Figure 105): a predominate group of 54%
marked that they had an “university exam”; 17% passed an “institution of higher learning”; 14% stated that they
had a “secondary school final”; a further 14% marked that they had another school examination, e.g.
“Hauptschule” or “Mittlere Reife.”
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Figure 104: Age of visitors
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Figure 105: Education of visitors

When asked how often they visited art exhibitions (see Figure 106), a group of 27% said they visited art
exhibitions “more often than 3 times a year,” a further group of surprising 66% emphasized that they visited art
exhibitions even more often. We finally asked what kind of visitor information the evaluated persons would
usually prefer (see Figure 107). This time several answers were again possible: 54% of the evaluated 699
visitors answered that they commonly prefer “audio guides (electronic guidance)”; 48% attend “guided tours
with museum staff”; 42% use “handouts in the exhibition halls”; another 42% prefer “info-boards in the
entrance area”; 16% stated that they use “info-terminals (computer presentation)” and another 7% marked they
commonly used “no” visitor information at all.
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Figure 106: How often do you visit art exhibitions?
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Figure 107: Which kind of visitor information do you prefer usually?

4.3.3.1.4 Conclusion

In conclusion, it can be stated that the user evaluation of the second LISTEN-demonstrator “Macke Labor” was
very winning. The 699 evaluated visitors responded mainly positively concerning the perceived audio-visual
situation. Besides, their general interest in experiencing the “Macke Labor” was very encouraging: as we know
from informal inquiries of museum staff who operated the headphone counter, visitors even queued up for the
possibility of experiencing the LISTEN-scenario on-site (a few for one hour or longer).

From informal talks with sales representatives from audio guide companies, we know that – according to their
experience – visitors are mainly interested in a very general supply of information, as direct, short and precise as
possible. From our own experience in the context of the “Macke Labor” we can report that the evaluated visitors
were remarkably interested in detailed information too – some even stated “there could have been more
information,” others emphasized that they enjoyed the open kind of information supply very much. As a matter
of fact, the “Macke Labor” was interested in the stimulation of visitors’ individual perception as well as
reflection on the exhibited art work along with the given auditory information – not primarily wanting to
‘explain’ the art work, but trying also to view it from more peripheral perspectives (e.g. from a museum-intern
context, touching on aspects such as the planning of an exhibition, the restorer’s perspective on the display of art
work, etc.). Also from this point of view, the “Macke Labor” might differ from the educational aims of common
audio guides. Most people reacted to this content-based difference positively, many gave prominence to the
auditory augmentation in general, and some even described their experience as “film-like” (e.g. concerning the
“voyage to Tunesia”).

During the planning to design an educational application of the LISTEN-medium, the content-based discussion
was also concerned with the uniqueness and the ‘transience’ of auditory experiences in an educational context.
A few visitors seem to have had problems with such an approach. They would actually have liked to sometimes
‘rewind’ the heard information. Despite this, it was variously considered to be an outrageous innovation that one
would not have to listen to auditory information repeatedly when coming back to an exhibit for the second time.

Concerning the applied forms of interaction, it could be concluded that the introduced “perception devices” did
not appeal to all visitors without explanation, as we learned from the museum staff at the headphone counter. To
some extent this might also depend on the visitors’ age (inasmuch as the persons who elucidated their problems
were mainly people “beyond 50”). However, from the concept-based perspective it would probably have been
more suitable to design the audio-visual scenario more spaciously anyway – in visual as well as interaction-
based terms. In this case visitors’ temporal and spatial behaviour could be ‘interpreted’ and taken into account
more precisely.

Additionally, it should be mentioned that there were several groups of experts who visited the “Macke Labor”
during the restricted time of display (various museum professionals, participants of the official 3rd LISTEN-
workshop as well as sales representatives of audio-guide companies). Some informal as well as formal results of
these expert-talks have been evaluated in other context.
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In overview, it can be summarized that the visitors to the “Macke Labor” acknowledged the audio-visual
environment on August Macke with great respect and acceptance. It was perceived with remarkable interest,
endurance and demand. From this perspective, the pedagogical application of the LISTEN-medium has
obviously been successful.

4.3.3.2 Informal Evaluation

4.3.3.2.1 Aspects Concerning the Production

As the LISTEN project produces concepts, technology and content at the same time, an application like the
“Macke Labor” can be seen from each of these perspectives – which in turn fan out into different
interdisciplinary layers and aspects. This creates the strong need for communication in order to create a common
understanding of the interdisciplinary goals. The creation of an interdisciplinary core group sharing an extended
discourse on the layers and aspects of LISTEN content and technology was fairly successful and turned out to
be the key to the success of the “Macke Labor.”

The team expanded along traditional settings of production environments – such as exhibition design and
radiophonic production and intermedia dramatics (theater). For example, the collaboration between the
exhibition architects, technical museum direction and exhibition construction team was carried out quite
successfully. Other areas such as the creation of the audio content were more problematic, inasmuch as
traditional production infrastructures could not always be successfully applied. The script, comparable to that of
a radiophonic feature, needs to work in terms of mediating the factual content, and to comply with the rules
governing the use of the spoken word. It also has to be conscious of the dramatic characteristics of the human
voice. Aspects of choreography and intermedia dramatics are touched upon by the interactivity and spatial
staging of the sound content. Most of all, though, the author needs to understand the structure by which the
LISTEN content is represented within the technological infrastructure in order to use the provided functionality
efficiently. This requires a strong set of competences on the side of the author, reaching far beyond the scope of
a common art-historical audio guide – a task that can only be fully solved by the continuous collaboration of an
interdisciplinary team.

The paradigm of a recording studio for radiophonic production in which content designers can work exclusively
on the aspects of the sound dramaturgy of a stereo playback is in fact only a part of the equation: LISTEN can
only come into its own if the process of audio production is re-defined and adapted to the specific requirements
of the production of interactive spatial sound scenes along with their various production and encoding formats,
which as of yet are only vaguely defined from an audio engineering point of view. Therefore, the creation of an
environment such as the one undertaken here is still a pioneering work on all levels. The content designers need
to be capable and to have enough time for understanding and utilizing the means of expressions that are placed
in their hands – which can only work if technology becomes even more clear-cut and defined. The traditional
separation between “content” and “technology” is under massive challenge in a project like the “Macke Labor,”
bringing it in this respect much closer to the production of electro-acoustic music or sound installations than of
radio drama.

4.3.3.2.2 Tracking-Related Aspects

On an experience-based level, the “Macke Labor” provided the possibility of comparing two tracking systems:
the LISTEN tracking system developed by partner IEMW and the A.R.T. DTrack system which was rented for
the “Macke Labor” and is generally purchasable.

The visual ‘targets’ used by the A.R.T. tracking system proved to be rather heavy and adversely affected the
comfort of the headphones. By comparison, the headphones using the tracking system of partner IEMW turned
out to be lighter and also less bothersome in terms of visual impression. The A.R.T. system, which differentiates
between various targets on the basis of their geometrical appearance in the infrared cameras, is generally
provided with two different targets. To allow for more simultaneous users, a third target was exclusively
produced for use in the “Macke Labor,” which, however, yielded a lower tracking reliability. Occasionally, it
was noticed that the system confuses the targets, resulting in incorrect tracking data, which in turn caused flaws
in the audio presentation. In the short period of six-and-a-half weeks, A.R.T. could not remove the causes of this
malfunction; they seem to have been caused by to the application of the A.R.T. system to an unusually large
space. The LISTEN tracking system developed at IEMW and used for the “Raumfaltung” installation was able
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to track more targets with a higher degree of reliability and comparable time resolution, but with the constraints
of tracking only in two dimensions and occasionally incurring front-to-back flips in the visitor orientation that
would have resulted in problems for the resulting presentation similar to the confusion of the targets experienced
with the A.R.T. system. For the public presentation of commercial applications, the technical difficulties
experienced and the small number of visitors tracked simultaneously would have been a major handicap.
Nevertheless, partners FhG and KMB decided that the “Macke Labor” could be opened for public access –
hazarding the consequences of possible technical complications.

4.3.3.2.3 Aspects Regarding the Forms of Interaction: The Difficulties of Context Ascertainment

Occasional observations and talks with visitors and informal comments in the questionnaires (see section
4.3.3.1) revealed instructive material regarding an evaluation of the forms of interaction. Most visitors very
quickly figured out how to activate the sound by looking at an image. They repeatedly visited the artworks and
easily accepted every change of content – if activated through focussing on an object. Since this form of
interaction bears some resemblance to the experience of a conventional audio guide (which a majority of 64%
had already exercised before – see section 4.3.3.1), it – as already mentioned – must be asked whether this
behaviour was self-engendered through the visual focusing on the ‘objects of attention’ (art objects), or caused
by a kind of previous ‘conditioning’ to expect information/sound retrieval through a close physical distance to
the art object. By comparison, the ‘zones’/’collages,’ as the alternative form of interaction, seemed to be more
unfamiliar and less comprehensible. Expecting to hear information in front of the artworks only, some visitors
interpreted the appearance of sound while moving in between the objects as a ‘malfunction.’ Nevertheless, an
analysis of this form of interaction must distinguish between two types of ‘zones’/’collages’ used in the “Macke
Labor”: the “Tunesian Passage” and the zone of the “Rhenish Expressionists.” Whereas the first could
immediately be heard after stepping into the ‘Tunesian’ area, the second could not be experienced until after
previously having visited “Elisabeth und Walterchen,” “Kinder im Garten” and “Strauß mit Gladiolen.” While
the “Tunesian Passage” was generally appreciated, the zone of the “Rhenish Expressionists” was described by
some people as being ‘irritating.’ Two reasons are to be assumed: Firstly, the unexpected change between two
forms of interaction, experienced in the same part of the space, might have caused confusion. Secondly, the zone
of the “Rhenish Expressionists” was less narrow and hence, from the physical perspective, less easily identified
– meaning that the idea of a ‘zone’ to interact with never became clear to the visitor and therefore did not pose a
valid ‘context’ for sensing. From the pedagogical viewpoint, this result does not argue against ‘zones’ in
general, but it stresses once more the importance of a close and compelling link between the forms of interaction
and the physical design.

The case for using gaze direction for visitor context-ascertainment was argued in terms of comfort. Some
visitors mentioned feeling physically constricted. This hints at the possibility that the context may persist in
being a certain ‘object of attention,’ even though the gaze or the head is pointed in a different direction –
looking at other objects in the exhibition space while still having the previous object “in mind.” It may also
imply that the audio content was perceived as being independent from the context of the visually present object,
causing the visitor to turn the gaze away from the respective ‘object of attention.’ It was recommended to
generally widen the tolerance for the viewing angle which tended to limit the freedom of motion within the
context of the object. However, in small spaces like the “Macke Labor” the possibilities of enlarging this angle
are limited in order for the spatial constraints of each context to be unambiguous: Since the artworks are
installed very close to each other, the angles might overlap and cause confusion. Nevertheless, this emphasizes
the difference of ‘entering’ the context of an ‘object of attention’ as opposed to ‘leaving’ it. The comfort of
these spatial constraints should be weighed carefully. It is to be considered whether a LISTEN environment
generally has to be conceived as a space larger than the “Macke Labor” or otherwise should include less exhibits
(see section 4.3.4).

4.3.3.2.4 Aspects Regarding the Content

Given the possibility of visiting the artworks (or certain areas) more than once and of always retrieving
‘presentation modules,’ it was requested to clearly indicate the ‘end’ of all modules relating to the present visitor
context. Supposed to signify a kind of ‘finish,’ a murmuring of voices – a collage of all voices recorded –
appeared after the last module of each artwork, slowly fading out into silence. As a metaphor, this ‘murmuring’
turned out to be difficult to apprehend. As explored in the ‘revising’ phase, a simple ‘silence’ – the complete
absence of any sound feedback to the visitor focusing on a painting – on the other hand, could be read as a
technical breakdown. In conceiving a LISTEN environment, a search needs therefore to be conducted for a
simple and clear indication signalling the end of presentation modules and of the environment in general.
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The informal evaluation also revealed interesting results regarding the audio-visual relation. In front of the
“Farbkomposition,” a difference between the audio content and the visual presentation had been staged:
Whereas in the genuine recording, curator Dr. Diehl and paper restorer Büttner talked about the cardboard
mount of the painting possibly covering a signature of Macke, in the exhibition this mount had already been
diminished. The edges of the artwork were to be seen but did not unveil an autograph. This discrepancy clearly
led to misunderstandings: According to numerous talks, a considerable number of visitors got the impression
that they had received the ‘wrong’ information – a content that, in their opinion, properly belonged to another
artwork. Meant to emphasize the time difference between the recordings and the final display, this discrepancy
obviously confused some visitors. Interestingly, genuine recordings – as one possible type of content – seem to
be experienced as the ‘present.’ In order to be observed as a deliberate measure, discrepancies between the
auditory and visual contents obviously should be not subtle but striking.

4.3.4 Conclusion

The realization of the “Macke Labor” allowed a comprehensive evaluation of the LISTEN medium in an
educational context. As a result of the practical knowledge which derived from the formal as well as informal
evaluation of the audio-visual environment on August Macke, specific points of concern can be elucidated in
technological as well as content-based terms. Some of them seem worthy of being considered for future
applications of the LISTEN system too, touching on aspects of the conception, the production, as well as the
perception of a (possible) LISTEN scenario.

A main result of our experience is concerned about the spatial dimension of a LISTEN installation, which has to
be conceived with great awareness. From the curatorial perspective (also depending on the amount and size of
the exhibits on display) as well as from a more LISTEN-specific perspective, the phenomenon and necessity of
visitors’ physical interaction within the exhibition space (e.g. in between the different exhibits) has to be taken
into account apprehensively. In the case of the “Macke Labor”-scenario, the use of an exhibition architecture
created the ‘choreographic’ fundament for visitors’ spatial and temporal behaviour. Such spatial pre-
configuration also determines the degree of clarity by which the different contexts, states and behaviours of the
visitors can be differentiated. From the perspective of the LISTEN technology, various ways of ‘accessing’
information are imaginable.

As a matter of experience, it can also be added that the exhibition site of a LISTEN scenario has to be planned
spaciously enough to allow the designing of ‘interims’ in between the exhibits, in visual as well as auditory
terms. Such vacant spatial-temporal ‘fields’ could be used very effectively for aesthetic as well as interaction-
based concerns. In a more generously conceived exhibition space, the applied forms of interaction could
probably have been ‘interpreted’ in a more comprehensible manner: Such ‘preconditions’ are very obviously
concerned with the possibility of a more generous evaluation of the gaze direction. Moreover, the spatial size of
the ‘field of presence’ of the exhibit would be enlarged to allow a more detailed physical interaction between the
visitor, the audio content and the exhibit, e.g. reacting to the visitor’s observing a picture closely and/or from the
distance.

As described in another context (see section 4.3.2.4) the ‘laboratory conception’ of “Macke Labor” interpreted
visitors’ looking away in terms of a decision ‘against’ the exhibit and/or the presented auditory information. One
might rely on this conception, but – from our experience – at the same time one would always have to be
conscious about this decision as possibly being too strongly ‘educative’: As elucidated in evaluation, the use of
common audio guides is not necessarily dependent on the straight orientation of visitors’ gaze towards specific
exhibits. The behavioural observation of the common audio-guide usage shows a kind of perceptive behaviour
which is not necessarily related to the specific art object the auditory information was ‘added’ onto.

Although it can be summarized that most visitors seem to have perceived the audio-visual situation of the
“Macke Labor” with great awareness and sensibility towards the applied forms of interaction, it also will have to
be considered that no audio guide user can automatically be assumed as a visitor who is willing to get involved
with something one might call a ‘sensitised perception’ (e.g. animated by a certain ‘play-instinctual’ type of
approach, etc.). In consequence – as a matter of fact which was stated by some visitors as well as by some of the
invited experts from LISTEN related fields explicitly – it might be reasonable and meaningful to give a short
auditory introduction about the basic forms of interacting, e.g. before or while experiencing the environment,
perhaps even in a direct ‘reaction’ to specific types of the visitors’ behaviour. However, it is also still to be
investigated how explicit instructions work in a LISTEN environment: Would users follow such instructions? If
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not, how should the subsequent content be designed? Are non-linguistic sounds able to induce certain
movements? Are they efficient, compared to verbal instructions?

Most visitors did in fact easily comprehend how to ‘navigate’ through the audio-visual situation. It seems to
have invited them to investigate the environment freely, perceiving it through movement, sight, and listening not
only ‘through’ educational information but also ‘through’ variously presented types of high-definition audio
contents. Various visitors pointed out that they appreciated the changes of content types very much. Many
reacted to the differences to common audio guides positively, some with a special emphasis on the audiophile
exposition of “Macke Labor,” which in certain aspects seems to also be comparable to an educational ‘listening
-cabinet.’

From the conceptual as well as content-based perspective, it has to be pointed out that for reasons of time and
due to the restricted size of the “Macke Labor” only a small number of LISTEN-specifics could be explored. In
terms of content, a pedagogical LISTEN application might, for example, more intensively make use of hyper-
textual structures: i.e. of directly but at the same time openly linked modules of auditory information (text,
sound, etc.). Having to take every possible movement of the users into account, this form of structural design, of
course, requires a very large amount of text modules and therefore needs an extended time for production.

In conclusion, it can be summarized that the LISTEN environment “Macke Labor” indeed seems to have
engendered a multipolar discussion on auditory guidance as well as on the general possibilities of educational
mediation in an art context. It became apparent that the LISTEN-specific experience of the “Macke Labor,”
without a doubt, provides special kinds of attraction: the visitors as well as the invited experts from LISTEN-
related fields made enthusiastic remarks on aspects such as the diversity of contents, the possibility of physically
interacting with sound, and the extraordinary audio quality of the presentation. They emphasized the “Macke
Labor” as a fascinating and innovative experience. The majority of visitors as well as experts showed their
obvious interest in a possible continuation of the LISTEN project, suggesting not only art museums but also, for
example, technical museums or trade fairs as a probable alternative site for an application.
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5 DISSEMINATION

5.1 Deliverables

This section contains a list of deliverables produced by the project. All deliverables planned in the DoW [DoW
2001] have been produced, some with minor delays, some ahead of schedule (i.e. negative delays – see column
“Delay in Months” in Table 1). The delays are due to workplan changes (early deliverables) and the complexity
of certain research and development tasks (late deliverables), which have been underestimated in the planning of
the project.

No Title Type
1

Class
2

Due Date Issue Date Delay in

Months

D1 Final report (this document) R Pub 31.12.2003 31.12.2003 0

D2.1 Preliminary specification of system
architecture

R Int 30.06.2001 30.06.2001 0

D2.2 Revised specification of system
architecture

R Int 31.12.2001 31.12.2001 0

D2.3 Final specification of system architecture R Int 30.6.2002 30.9.2002 3

D3.1 Preliminary modelling and authoring
components

S + R Int 30.06.2002 30.7.2002 1

D3.2 Final implementation modelling and
authoring components

S Int 31.12.2002 31.12.2002 0

D4.1a Report on objective comparison of
several multi-channel sound formats

R Int 28.02.2002 16.3.2002 0.5

D4.1b Revised report on objective comparison
of several multi-channel sound formats

R Int 31.12.2002 28.2.2003 2

D4.2 Measurements of HRTF filters and
morphological features are available
from LISTEN’s website

D + W Pub 30.6.2002 30.8.2002 2

D4.3 Report on the relationships between
decoding filters and morphological
features

R Int 30.9.2002 31.3.2003 6

D4.4 Prototype solution for restitution of the
surrounding audio environment.

D Pub 31.12.2002 31.12.2002 0

D4.5 Prototype of the rendering engine D Pub 31.12.2002 31.12.2002 0

D5.1 Description of design of wireless and
tracking component

R Int 31.12.2001 31.12.2001 0

D5.2 Preliminary version of wireless audio
transmission and motion tracking
component

D Int 31.12.2002 31.12.2002 0

D5.3 Intermediate version of wireless audio
transmission and motion tracking
component

D Int 31.03.2003 31.03.2003 0

                                                            

1 R = report, D = demonstrator, S = software, W = webpage
2 Int = internal, Pub = public
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D5.4 Final version of wireless audio
transmission and motion tracking
component

D Int 30.06.2003 30.06.2003 0

D5.5 Description of final wireless and tracking
component

D Int 30.06.2003 30.06.2003 0

D6.1 Virtual mock-up D + R Int 31.12.2001 31.12.2001 0

D6.2a Virtual prototype D Int 31.12.2002 31.12.2002 0

D6.2b Virtual prototype documentation. R Int 31.12.2002 31.12.2002 0

D6.3a Physical prototype 1 D Int 30.06.2002 29.1.2002 -5

D6.3b Physical prototype 1 documentation R Int 30.06.2002 30.7.2002 1

D6.4a Physical prototype 2 D Pub 30.06.2003 30.06.2003 0

D6.4b Physical prototype 2 documentation R Int 30.06.2003 30.09.2003 3

D7.1 Mock-up scenario D + R Int 31.12.2001 31.12.2001 0

D7.2a Virtual prototype scenarios. D Int 31.12.2002 31.12.2002 0

D7.2b Virtual prototype scenarios
documentation.

R Int 31.12.2002 31.12.2002 0

D7.3a Test scenario D Int 30.06.2002 29.01.2002 -5

D7.3b Test scenario documentation R Int 30.06.2002 30.07.2002 1

D7.4a Exhibition D Pub 30.06.2003 30.06.2003 0

D7.4b Exhibition documentation R Pub 30.06.2003 30.09.2003 3

D8.1 Report on the display evaluation:
Tracking performances and Sound
Pickup system

R Int 30.06.2001 30.06.2001 0

D8.2a Report on binaural rendering: Binaural
encoding techniques and Individual
adaptation

R Pub 31.12.2002 28.02.2003 2

D8.2b Report on binaural rendering: Binaural
encoding techniques and Individual
adaptation

R Pub 30.06.2003 30.06.2003 0

D8.3 Report on modelling: Visual/Auditory
coherence, Modelling and Authoring

R Pub 30.06.2003 30.06.2003 0

D8.4 Report on prototypes evaluation R Pub 31.12.2003 31.12.2003 0

D9.1 Project presentation W Pub 30.06.2001 30.06.2001 0

D9.2 Dissemination and use plan R Pub 30.06.2001 30.06.2001 0

D9.3 Report on expert workshop 1 R Pub 31.12.2001 31.12.2001 0

D9.4 Report on expert workshop 2 R Pub 31.12.2002 31.12.2002 0

D9.5 Report on expert workshop 3 R Pub 31.12.2003 31.12.2003 0

D9.6 Exhibition catalogue R Pub 30.06.2003 30.06.2003 0

D9.7 Project documentation DVD R Pub 31.12.2003 31.12.2003 0

Table 1: List of LISTEN deliverables
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5.2 Publications

This section contains a list of the 26 publications produced in the context of the project.

1. Beckhaus, S., Eckel G., Strothotte, T., "Guided Exploration in Virtual Environments", Stereoscopic
Displays and Virtual Reality Systems VIII, Vol. 3957, 2001.

2. Blum A., Katz B., Warusfel O., “Eliciting adaptation to non-individual HRTF spectral cues with multi-
modal training”, submitted to 7ème Congrès Français d'Acoustique / 30. Deutsche Jahrestagung für
Akustik, Strasbourg, March 2004.

3. Delerue O., Warusfel O., “Authoring of Virtual Sound Scenes in the context of the LISTEN Project”,
Proceedings of the 22nd AES Conference, Espoo Finland.

4. Eckel, G., "Immersive Audio-Augmented Environments", Proceedings of the 8th Biennial Symposium on
Arts and Technology at Connecticut College, New London, CT, USA, 2001.

5. Eckel, G., "Augmenting Everyday Environments with Interactive Soundscapes", Proceedings of the
Equator workshop "Moving between the physical and the digital: exploring and developing new forms of
mixed reality user experiences", I3 Spring Days, April 24th, Porto, Portugal, 2001.

6. Eckel, G., "The LISTEN Vision", Preconference Proceedings of ACM SIGGRAPH and Eurographics
Campfire on Acoustic Rendering for Virtual Environments, pp. 55-58, May 26th-29th, 2001, SnowBird,
Utah, USA, 2001.

7. Eckel, G., Beckhaus, S., "ExViz: A Virtual Exhibition Design Environment", ed. Bob Fisher, Kenneth
Dawson-Howe and Carol O'Sullivan, Proceedings of the International Symposium on Virtual and
Augmented Architecture (VAA'01), Dublin, pp. 171-182, Springer, 2001.

8. Eckel, G., "Immersive Audio-Augmented Environments – The LISTEN Project", ed. B. Banissi, F.
Khosrowshahi, M. Sarfraz and A. Ursyn, Proceedings of the 5th International Conference on Information
Visualization (IV2001), IEEE Computer Society Press, Los Alamitos, CA, USA, 2001.

9. Goßmann, J., Specht, M., "Location Models for Augmented Environments", in: Location Modelling for
Ubiquitous Computing, Workshop Proceedings, Ubicomp 2001, pp. 94-99.

10. Katz B., “Estimation of individual inter-aural time delay (ITD) using statistical based spatial functions and
morphological data”, submitted to JASA, Journal of the Acoustical Society of America.

11. Kunstmusem Bonn, “Beat Zoderer – Der doppelte Boden ist tiefer als man denkt”, Exhibition catalogue and
CD, Bonn, June 2003, ISBN 3-929790-56-4.

12. Kunstmusem Bonn, “Maxke Labor. Das Materialbuch”, Exhibition catalogue, Bonn, October 2003.

13. Rio E., Warusfel O., (2002) "Optimization of multi-channel binaural formats based on statistical analysis",
Proceedings of the Forum Acusticum, Sevilla.

14. Rio E., Vandernoot G., Warusfel O., “Perceptual Evaluation of weighted multi-channel Binaural Format”,
DAFx 2003, London September 2003

15. Rio E., Vandernoot G., Warusfel O., “Optimizations of Multi-Channel Binaural Formats Based on
Statistical Analysis”, Forum Acusticum, Sevilla, September 2002.

16. Rio E., Warusfel O., “Generic design method for transformations on Higher Order Ambisonics sound
scenes”, submitted to 116th AES Convention, Berlin, May 2004.

17. Unnützer, P., "LISTEN im Kunstmuseum Bonn", KUNSTFORUM International, Vol. 155, June/July 2001,
pp. 469/70.
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18. Viaud-Delmon I.,Seguelas A., Rio E., Jouvent R., Warusfel O., “3-D Sound and Virtual Reality:
Applications in Clinical Psychopathology”, Cybertherapy 2004, San Diego January 2004.

19. Viaud-Delmon I., Sarlat L., Warusfel O., “Localization of Auditory Sources in Virtual Reality”, submitted
to 7èmeCongrès Français d'Acoustique / 30. Deutsche Jahrestagung für Akustik, Strasbourg, March 2004.

20. Warusfel O., Viaud-Delmon I., “Contribution of interactive 3D sound to presence”, Presence 2003, 6th
International workshop on Presence, Aalborg, October 2003.

21. Warusfel O., Delerue O., Viaud-Delmon I., “Binaural rendering assessment in the context of augmented
reality”, submitted to 7èmeCongrès Français d'Acoustique / 30. Deutsche Jahrestagung für Akustik,
Strasbourg, March 2004.

22. Warusfel O., “Binaural rendering in the context of augmented reality”, submitted to the International
Congress on Acoustics ICA2004, Kyoto, April 2004.

23. Zimmermann A., Lorenz A., Specht M., “Reasoning From Contexts”, In Henze N. (ed), “Personalization
for the Mobile World: Workshop Proceedings on Adaptivity and User Modeling in Interactive Systems
(ABIS2002)”, pages 114-120, Hannover, Germany, 2002.

24. Zimmermann A., Lorenz A., “LISTEN: Contextualized presentation for audio-augmented environments”,
In Wittig F., Bauer M., “Proceedings of the Workshop on Adaptivity and User Modeling in Interactive
Systems (ABIS2003)”, pages 351-357, Karlsruhe, Germany, 2003.

25. Zimmermann A., Lorenz A., Specht M., “The Use of an Information Brokering Tool in an Electronic
Museum Environment”, In Bearman D. (ed), “Proceedings of the Museums and the Web (MW2003)”,
pages 217-225, Charlotte, NC, 2003.

26. Zimmermann A., Lorenz A., Specht M., “User modeling in adaptive audio-augmented museum
environments. In Brusilowsky P., Corbett A., de Rosis F. (eds), “Proceedings of the 9th international
conference on user modelling (UM2003)”, pages 403–407, Johnstown, PA, Springer-Verlag Berlin
Heidelberg, 2003.

5.3 Media

5.3.1 Press and Internet

5.3.1.1 General

Date Newspaper / Online Journal

02.06.2001 nano Online Magazine

Issue 4 / 2001/02 Kabinett

30.01.2002 Kurier Wien

30.01.2002 Kölner Stadt-Anzeiger

31.01.2002 Bonner Rundschau

02.04.2002 Handelsblatt

06.02.2002 General-Anzeiger Bonn

07.05.2002 Süddeutsche Zeitung

Issue 6 / 2002 Fraunhofer Mediendienst

20.06.2002 Wirtschaftswoche
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5.3.1.2 Demonstrator “Raumfaltung”

Table 2 shows a survey of the press and Internet coverage of the demonstrator "Raumfaltung.”

Date Newspaper / Online Journal

Issue Spring / Summer 2003 Vernissage

Issue Summer 2003 Kabinett

01.07.2003 Le Monde

01.07.2003 Stage Report

04.07.2003 General-Anzeiger Bonn

05/06.07.2003 General-Anzeiger Bonn

05.07.2003 Bonner Rundschau

19./20.07.2003 Kölner Stadtanzeiger

22.07.2003 Bonner Rundschau

24.07.2003 Kölner Stadtanzeiger

Issue July 2003 Online Magazine AudioHyperspace

Issue August 2003 Germanwings Online Journal

Issue August 2003 Gallileus Online Journal

Issue August 2003 Online Portal Kunstgeschichte

Issue August 2003 Online Portal unitools.de

06.08.2003 NRW Wissenstranfer

20.08.2003 Blickpunkt Schaufenster

29.08.2003 Bonner Rundschau

Issue August / September 2003 Bonnjour

Issue 9 / 2003 Kunst Bulletin

Issue September 2003 Kölner Stadtrevue

Issue September 2003 Kunstzeitung

Issue September 2003 Bonner Stadt Revue

Issue October 2003 AKG International

Issue November / December 2003 Kunstforum International

Table 2: Press and Internet coverage of demonstrator "Raumfaltung"
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5.3.1.3 Demonstrator “Macke Labor”

Table 3 shows a survey of the press and Internet coverage of the demonstrator "Raumfaltung.”

Date Newspaper / Online Journal

Issue 2 / 2003 Fraunhofer Magazin

Issue October 2003 Online Magazine AudioHyperspace

06.10.2003 Wissenschaft – Wirtschaft – Politik Nr. 41

27.10.2003 General-Anzeiger Bonn

29.10.2003 General-Anzeiger Bonn

31.10.2003 Net Network for Museums and Museum Studies

Issue November 2003 Bonnjour

Issue November 2003 Online Portal Kunstgeschichte

20.11.2003 Bonner Rundschau

Issue 4 / 2003 Museen im Rheinland

Table 3: Press and Internet coverage of demonstrator "Macke Labor"

5.3.2 Radio and Television

Table 4 shows an overview of the radio and television coverage of the LISTEN project.

Date Radio / TV Station Broadcast Title

31.01.2002 NDR 4 LISTEN im Museum

02.02.2002 HR 1 Netzwerke

03.02.2002 Radio Bonn / Rhein Sieg LISTEN im Museum

22.02.2002 WDR 5 Skala

24.02.2002 DLR Berlin Kulturmagazin

12.03.2002 WDR 3 Mosaik

02.05.2002 3sat nano

03.05.2002 3sat nano

03.05.2002 MDR nano

03.05.2002 SFB B1 nano

03.05.2002 SWR nano

03.05.2002 BRalpha nano

03.05.2002 WDR nano

04.05.2002 SFB B2 nano

04.05.2002 SWR nano
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08.05.2002 FAZ-Business-Radio Interview

28.06.2003 Deutschlandfunk Zukunftsmusik

08.07.2003 WDR 3 Resonanzen

11.09.2003 ORF Ö1 Radiokolleg

Table 4: Radio and TV coverage of LISTEN project

5.4 DVD

The LISTEN Documentation DVD contains three short videos. Two of them documenting the two
demonstrators “Raumfaltung” and “Macke Labor” and a third one, which was produced at an early stage of the
project for promotional purposes, e.g. conferences, fairs, and presentations (“LISTEN Vision”). The DVD is
meant as a complement to the deliverables documenting the two public demonstrators “Raumfaltung”
(deliverable D6.4b and D7.4b) and “Macke Labor” and the Final Report (deliverable D1).

5.4.1 LISTEN Vision

The LISTEN Vision has been produced after the first project review, which saw a first integration of the whole
system with deliverables D6.3 and D7.3. The installation “Pavillion Skulptur” by Beat Zoderer has been set up
at the Kunstmuseum Bonn for a first test with the tracking system of partner IEMW. The demonstrator was
presented to the reviewers of the first project review. In the video, this installation serves as an example for one
application of the LISTEN technology, namely in the context of an artistic piece. The other application hinted at
is the one in the field of museum pedagogy and uses the permanent collection of the Kunstmuseum Bonn of
work by August Macke to illustrate the idea of LISTEN. A third element in the video is VR-based authoring
environment, which is operated in partner FhG’s i-Cone panorama projection system. A short statement by the
project coordinator illustrating the technologically most challenging aspects of the project is also part of this
video. The material was shot by a professional video team and the edit was done in collaboration with partner
FhG. The headphones shown in the video in the museum scenes are not really operational and the sound audible
in the sound track, suggesting that it would be heard by the person wearing the headphones, was produced
afterwards and added to the video for purposes of illustration. The other two videos on this DVD contain only
sound that was produced in real-time by the LISTEN system and has been heard by the person visible and
exploring the respective demonstrator.

5.4.2 Raumfaltung

The public demonstrator “Raumfaltung” (c.f. deliverables D1, D6.4b, D7.4b, and D8.4), which has been
presented at Kunstmuseum Bonn in the context of the exhibition “Beat Zoderer – Der doppelte Boden ist tiefer
als man denkt,” has been produced by Beat Zoderer (installation), Ramón González-Arroyo (music), Gerhard
Eckel (music), and Oswald Egger (text). “Raumfaltung” has been on display from July 6th to September 14th

2003. “Raumfaltung” is a piece, which, besides being a very advanced media art piece, tries to illustrate one
possibility to use the LISTEN technology in the context of an artistic work. Due to the nature of the piece, the
interactive nature of it reveals itself only after a longer period of dwelling. The music and text in “Raumfaltung”
reacts to the position and orientation of the visitor in the installation. What one hears and how one hears it
depends on the spatial zones suggested by the visual component of the piece. While walking through the piece,
one may take different perspectives on the visual and auditory part of the installation. Since no structure of a
visit is imposed on the visitors, there is no typical way of exploring the piece. This posed a big problem to the
documentation. The solution chosen and documented on this DVD is an “uninterpreted” video sequence with a
fixed camera position observing a visitor during his tour through the piece. What is heard on the stereo
soundtrack corresponds exactly to what the person heard while being recorded by the camera. The video has
been shot by a professional video team and edited by partner FhG.

5.4.3 Macke Labor

The public demonstrator “Macke Labor” (c.f. deliverables D1 and D8.4), which has been presented at
Kunstmuseum Bonn from October 15th to November 23rd, has been produced by Julia Hagenberg (curator,
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author), Annelie Kürsten (coordination, scientific advisor), Sabine Breitsameter (recording director, text
supervisor, dramaturgy, soundscape), Joachim Goßmann (recording, soundscape, software), Georg Hermes
(advisor), Fares Rahmun (sound archive), Ruth Diehl (curator), Frank Hasenbring (software), Marion
Scharmann (organisation), Ingo Bergman (architecture), Reinhard Behrenbeck and Ernst Nieselt (technical
organisation). The “Macke Labor” has been designed as an audio-visual environment on art work by August
Macke, introducing the LISTEN-medium to an educational context. The video shows a typical walk through the
environment. The sound on the stereo soundtrack is the authentic binaural signal the person visible in the video
heard while she was recorded. The video has been shot and edited by Dirk Kolhaas.
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