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Welcome to ICAD from the Conference Co-Chairs
Stephen Barrass and David Worrall, Monday 4 July 2016

We would like to acknowledge the Ngunnawal people who are the traditional
custodians of this land on which we are meeting, and pay respect to the Elders of the
Ngunnawal Nation both past and present. We extend this respect to all Aboriginal
and Torres Strait Islander peoples in attendance today.

For the past 8 weeks in Canberra we have been counting down to this date, not only
because it is the Australian Federal Election, but because it is ICAD 2016. Welcome
to Canberra, the Capital City of Australia, which is only just 100 years old. It is one of
a handful of “designed cities” in the world, alongside Washington and Brasilia. The
designer, Sir Walter Burley Griffin, was a modernist who believed that the geometry
of the city shaped the lives of its inhabitants, and the many roundabouts may also
explain all the going round in circles we have experienced during the election
campaign. When the winning design was announced the public were invited to
suggest names for this new city, and some responses included Commonwealth
Circular City, Federalia, Eden, Paradise, Harmony, Unison, Pacifica, Frazer Roo,
Wheatwoolgold and Sydmeladperbriso (which is an amalgam of every other
Australian capital). Finally, Canberra was declared the winner, which means ‘meeting
place’ in the local indigenous Ngunnawal language. ICAD visitors will be welcomed
with a “smoking ceremony” which is an indigenous Welcome to Ngunnawal Country
on Monday evening. This welcome will be reiterated by an Aussie pub welcome at
the Wig and Pen microbrewery with custom winter brews accompanied by Kangaroo
pies and vegetarian pasties made from native Warrigal greens and Bush Tomatoes.

Since Canberra is a Design City it is very appropriate that the theme for ICAD this
year is Sonic Information Design. This theme aims to integrate design as a method
for research and discovery in the field of Auditory Display. The theme has grown out
of a workshop at ICAD 2014 in Atlanta, and was developed further in a keynote at
ICAD 2015 in Graz. Like other design disciplines, Sonic Information Design has the
aspiration that artificial sounds may be designed to make the world a better place.
Sonic Information Design takes a user-centred view of the relationship between
artefacts, those that are affected by them, and the social contexts in which they
occur. A Design orientation pays particular attention to user experience—including
physical, cognitive, emotional, and aesthetic issues; the relationship between form,
function, and content; and emerging concepts such as fun, playfulness and design
futures. Practice-based research is considered as a generative process of
exploration, speculation and discovery, with outcomes that can be provisional,
contingent and aspirational, while aiming for richer, more situated understandings
that lead to the advancement of knowledge and the proliferation of new realities.

The Keynotes for ICAD 2016 have been chosen to expand on this theme within the
context of Auditory Display. Dr. Viveka Turnbull Hocking's design-led research
engages cross-disciplinary conversations and collaborations through the area of
design and the built environment. Dr. George Poonkhin Khut ’s body-focussed
artworks use biofeedback technologies to re-frame experiences of embodiment,
health and subjectivity. A/Prof. Adrian KC Lee’s research investigates the neural
network involved in auditory scene analysis that provides a basis for Stream-based
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Sonification where the theory of Auditory Scene Analysis is used to design Auditory
Displays. Prof. Simon Carlile, Senior Director of Research at Starkey Hearing
Technologies, will present Industry Insight into innovations in Hearables which
extend hearing aid technology to new applications.

The papers programme includes 24 peer reviewed papers which will be presented
beginning on Monday, and a Posters session on Tuesday afternoon. On Tuesday

evening social activities continue with the ICAD jam session at Smith’s Alternative
Book Store.

On Wednesday we have introduced a recreational break, to foster social networking
while exploring the recreational and cultural aspects of Canberra, or to take a
collaborative workshop. The ICAD Concert on Wednesday evening will bring
everyone back together to swap experiences. Local attractions include Old and New
Parliament House, the National Museum of Australia, the National Gallery of
Australia, or the National Portrait Gallery where keynote George Khut will present a
workshop on Neurofeedback and Contemplative Interaction. Other workshops
include collaborating in a proposal for a Hearables application, designing your own
Computer Knitted Scarf from data patterns, programming the Mozzi wearable
sonification synthesiser, learning Csound+Python, and 3D panning software for
multi-speaker arrays.

The concert will be open to the general public, with pieces that explore emerging
themes of mobile platforms and collaborative sonification through works for an iPad
Ensemble, mobile phones, audience interaction on their own mobile devices, a
sonification of Antarctic datasets on four Music Boxes, hearing genes of hearing on
four clay ubang drums, and a live electronic performance of atomic data. A public
exhibition of sound installations around the School of Music includes the Pacific Bell
Tower which chimes to resonate the seismic activity around the Pacific on the hour,
Terramomentum where blindfolded listeners lie on the floor to hear 5 subwoofers
emit audifications of earthquakes, an interactive sonification of astronomical data
encoded in light variations, a sonification of scribbly-gum markings, and 3D printed
acoustic objects constructed from blood pressure data.

The Banquet will provide a social space to discuss the days activities and the
concert. The venue is A. Baker which is a highly regarded restaurant in walking
distance from the School of Music. The seasonal menu is sourced from the Canberra
district and includes local wines. It is the Truffle Season in Canberra, and who
knows, we may get lucky.

The conference papers programme will continue on Thursday, and conclude with the
traditional open-mic session that afternoon. Then, if you are feeling fit you can join
the ICAD snow bus for a one day return trip to the Australian Alps, to ski through the
snow-gums. Your ICAD registration includes a 'data beanie' knitted from possum fur
and designed to keep your head warm in the frosty mid winter mornings in Canberra.
This beanie is computer knitted from punch-cards that encode data logged from
seals diving under the antarctic. The ski trip will be your opportunity to test the ICAD
data beanie in earnest as protection against the cold and snow in downhill skiing
conditions ! We hope you have a great time at ICAD 2016 in Canberra.
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ICAD2016 PROGRAMME

1 [8.30 [SofM L5

W TIME | PLACE (EVENT DETAILS DESCRIPTION
0 |9-17 (LT2 STUDENT THINK TANK Presentations and Discussions by Research Students with a faculty panel of international
Chair:Hiroko Teresawa researchers.

REGISTRATION
9.00 (LT3 WELCOME ICAD 2016 Co-Chairs : David Worrall and Stephen Barrass
9.30 |LT3 ORAL PAPERS 1 Sonic Information Design

KEYNOTE ADDRESS 1 | Viveka Turnbull Hocking | A Design-led Approach: opening up a Cross-disciplinary Discourse into Design research

12.30 | YouChoose |LUNCH

2
3
7 [11.30 [LT3
8
9

14.00 | LT3 ORAL PAPERS 2 Aesthetics, Philosophy, and Culture of Auditory Displays
12 |15.30 | Café COFFEE
13 (16.00 | LT3 ORAL PAPERS 3 Sonic Information Design (cont'd)

16 | 17.30 | Wig & Pen Pub (School of Music) RECEPTION - Free to conference attendees!

17 9.00 LT3 ORAL PAPERS 4 Body and Mind

21 11.00 Café COFFEE

2 [11.30 LT3 KEYNOTE ADDRESS 2 | George Khut | Biofeedback and Beyond

23 12.30 YouChoose LUNCH

[Foyer — fpostRs

. 25 [15.00 Café COFFEE

26 15.30 LT3 INDUSTRY REPORT Simon Carlile | The What and Why of Hearables

27 16.00 LT3 ORAL PAPERS 5 Mobiles and Wearables

30 18.00+ JAM SESSION at Smiths Alternative Bookshop
[ ] Level5 WORKSHOPS 1 (&/or tourism)

52 11.00 Café COFFEE

36 11.30 WORKSHOPS 1 (cont'd)

37 12.30 YouChoose LUNCH

38 13.30 L6 ICAD BOARD MEETING - Board Room

WORKSHOPS 2 (afternoon)(&/or tourism)

52 11.00 Café COFFEE

44 15.30 ICAD BOARD MEETING (cont'd)

45 15.30 various CONCERT PREPARATION

46 17.30 Stage CONCERT - Free to conference attendees! Llewellyn Hall Stage

47 19.30 A.Baker BANQUET Free to conference attendees!
[ 48 (9.00 |LT3 ORAL PAPERS 6 [Tasks and Attention

52 [11.00 |Café COFFEE
53 |11.30 (LT3 KEYNOTE Adrian KC Lee Auditory Scene Analysis, Object Formation and Selection and their Implications with respect
ADDRESS 3 to Stream-Based Sonification

54 112.30 |YouChoose [ LUNCH - Gender Diversity Discussion Group (Kingsland Room, School of music, Level 6)

55 [13.30 |LT3 ORAL PAPERS 7 | 3D Audio and Spatial Sound
59 [15.30 |Café COFFEE

60 |16.00 (LT3 REPORTS & OPEN MIKE

61 |17.00 CONFERENCE CLOSE

62 Perisher Valley Ski through the Gum Trees - Tour led by Stephen Barrass
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ICAD2016
KEYNOTE SPEAKERS

Viveka Turnbull Hocking

A Design-led Approach: opening up a
cross-disciplinary discourse into
design research

Design as a profession emerged out of the
industrial revolution. However, the word 'design’
has been around much longer and describes an
activity that we as humans all do and have done for
some time. A clear distinction can be made
between uppercase 'Design’ as the profession verses
lowercase 'design’ as the activity in order to
highlight the many uses, meanings and applications
of the activity of design independent of the fields
of Design. Although design may have many forms,
there is an overriding commonality in a process
concerned primarily with generating 'what could be'
rather than ‘'what is', of which the discipline of
Design and our approaches can contribute. This key
note address aims to initiate a conversation about
the value of Design approaches to the research
community and the multi-disciplinary area of sonic
information design. To enable such a dialogue this
address offers some insights into the characteristics
of design: what it is, how it is done and why it
might be of significant value; outlining the nature
of design-led approaches that are emerging in
order to open up a cross-disciplinary discourse into
design research.

Dr Viveka Turnbull Hocking's work looks at design-
led approaches to research. Her research has
included design for social innovation, sustainability
and now is exploring design for cross-species
cohabitation. Her design-led approach to research
engages with cross-disciplinary conversations and
collaborations through the area of design and the
built environment. She researches through the
Fenner School of Environment and Society at the
Australian National University and teaches in the
School of Design and Architecture at the University
of Canberra.

George Khut

Biofeedback and beyond

Affordable wearable bio-sensing technologies and
mobile operating systems capable of supporting
realtime displays are opening up new possibilities
for interactive sound design and composition for
biofeedback interactions. George Khut will present
examples of his work with heart rate and
brainwave interactions, and consider historical
precedents for this work in the field of electronic
art and computer music, along with more recent
developments in the area of commercial "wellness
apps”, and outline opportunities and challenges for
real-time sonification and sonic interaction design.

Dr George Poonkhin Khut is an artist and
interaction-designer working across the fields of
electronic art, design and health. George's body-
focussed artworks use biofeedback technologies to
re-frame experiences of embodiment, health and
subjectivity. In 2012 he was the winner of National
New Media Art Award, at the Queensland Art
Gallery, Gallery of Modern Art (GoMA). Recent
projects include the BrightHearts (i0S) app
(available on iTunes App Store), "Behind Your Eyes,
Between Your Ears" a residency and public
laboratory at the National Portrait Gallery,
Canberra; and "CUSP: Design into the Next
Decade”, a group exhibition curated by Object
Gallery (Australian Design Centre).

Adrian KC Lee

Auditory scene analysis, object
formation and selection and their
implications with respect to stream-
based sonification

Sound arriving at our ears is the sum of acoustical
energy from all of the auditory sources in the
environment. In order to make sense of our
auditory world, we rely on different stimulus
features (e.g., pitch, timbre, spatial cues) to
segregate one sound source from another.
Furthermore, we can flexibly select one sound
stream to listen to (e.g., enjoying the violin
melody) or switch attention to another (e.g.,
following the pizzicato of the cello). The process
that enables us to listen to one sound out of many
is often referred to as auditory scene analysis and,
remarkably, while most humans and other animals
can do it seamlessly, it is still a difficult challenge
for the most sophisticated computer algorithm. In
this talk, | will introduce different aspects of
auditory scene analysis, as well as discuss a closely
related challenge-solving the "Cocktail Party
Problem." | will discuss how using an auditory
object-based attention framework can help
elucidate these perceptual and cognitive
processes, thereby shedding light on different
aspects of sonification (e.g., stream-based
sonification).

Adrian KC Lee is an Associate Professor in the
Department of Speech & Hearing Sciences and at
the Institute for Learning and Brain Sciences at the
University of Washington, Seattle, USA. He
obtained his bachelor's degree in electrical
engineering at the University of New South Wales
and his doctorate at the Harvard-MIT Division in
Health Sciences and Technology. Dr. Lee's research
focuses on developing multimodal imaging
techniques to investigate the cortical network
involved in auditory scene analysis and attention,
especially through designing novel behavioral
paradigms that bridge the gap between
psychoacoustics and neuroimaging research.

Page 7



Page 8



ORAL PAPERS

Sonic Information Design






The 22™ International Conference on Auditory Display (ICAD-2016)

July 2-8, 2016, Canberra, Australia

A TASK-ANALYSIS-BASED EVALUATION OF
SONIFICATION DESIGNS FOR TWO sEMG TASKS

S. Camille Peres

Texas A&M University,

Dept. of Environmental and Occupational Health,

Research on the Interface between Humans

and Machines Laboratory
peres@tamu.edu

ABSTRACT

This paper presents a brief description of surface
electromyography (sEMG), what it can be used for, as well
as some of the problems associated with visual displays of
SsEMG data. Sonifications of sEMG data have shown
potential for certain applications in data monitoring and
movement training, however there are still challenges related
to the design of these sonifications that need to be addressed.
Our previous research has shown that different sonification
designs resulted in better listener performance for different
SsEMG evaluation tasks (e.g. identifying muscle activation
time vs. muscle exertion level). Based on this finding, we
speculated that sonifications may benefit from being
designed to be task-specific, and that integrating a task
analysis into the sonification design process may help
sonification designers identify intuitive and meaningful
sonification designs. This paper presents a brief introduction
to what a task analysis is, provides an example of how a task
analysis can be used to inform sonification design, and
outlines future research into a task-analysis-based approach
to sonification design.

1. INTRODUCTION

Surface electromyography (sEMG) is a technique for
measuring muscle activation onset, muscle activation
duration, and muscle exertion level. It is commonly used by
researchers [1, 2] and physical therapists [3] as a tool for
biofeedback [4], as an index of muscle fatigue [2], as a
strength training tool [5], and as a motor learning and
rehabilitation tool [6].

Typically, EMG data are displayed visually on a
computer screen, and while this display modality can work
well for certain applications, it has its limitations. Visual
displays force EMG technicians to focus their visual attention
on a screen, which limits their mobility and prevents them
from focusing on the movements of the subject [7].
Additionally, in sports applications, visual displays of EMG
data can overload an athlete’s visual capacities while the
athlete is learning a particular movement [8]. To address these
limitations of visual displays of EMG data, researchers have
begun exploring auditory displays of EMG data, primarily in
the form of parameter-mapping sonifications. Researchers
have found that EMG sonifications show potential for

This work is licensed under Creative Commons
Attribution — Non Commercial 4.0 International License.

The full terms of the License are available at
http://creativecommons.org/licenses/by-nc/4.0/

DOI: 10.21785/icad2016.038

Daniel Verona

Texas A&M University,
Dept. of Biomedical Engineering,
Research on the Interface Between Humans

and Machines Laboratory
daniel.j.verona@gmail.com

improving athletic and exercise performance [8] and
identifying musculoskeletal disorders [9]. Additionally,
sonification of upper extremity movement within a 3-D space
has shown potential for improving motor rehabilitation
therapies for stroke patients [10].

These findings suggest that sonification has the potential
to be an excellent display modality. Sound is intuitive, the
human hearing system has excellent temporal and frequency
resolution [7], auditory displays do not restrict a researcher to
a computer screen, and sound can have a communal aspect as
well — that is to say, an auditory display can afford everyone
in a room immediate and simultaneous access to the display
(a luxury not common to visual displays). However, despite
these advantages, sonification presents its own unique
challenges — chief among them is the challenge of display
design.

Designing sonifications and choosing mappings that are
intuitive, meaningful, and listenable is difficult; thus many
different parameters of sound (pitch, loudness, tempo, attack
time, spatial location, tremolo, harmonic content, etc.) have
been evaluated for use in sonification [11, 12, 13]. Despite
this research however, there has been a lack of empirical
evaluation and comparison of different sonification designs
[14].

We have begun to address this in a recent study (Peres et
al., under review) by empirically comparing listener
performance between six different sonification designs for
SEMG data. We found that different sonification designs
resulted in better listener performance for two different SEMG
evaluation tasks (results from this study are discussed in
further detail below in Section 3). These results indicated that
different sonification designs may be better suited to different
tasks, which led us to speculate that:

1. Task-specific sonification designs may be helpful in
creating effective and meaningful sonifications

2. Basing sonification design on a task analysis (a
design tool used in Human Factors in HCI) may
help sonification designers identify effective and
meaningful mappings for a given task

Applying a task analysis to sonification design is not a
new concept [15], however it does not seem to be a well-
represented approach to sonification design. In order to better
understand the effects that a task analysis could have on
sonification design and listener performance, we believe it
would be beneficial to continue performing empirical
comparisons of different sonification designs by comparing
task-analysis-based designs (i.e. designs that are tailored to a
specific task or function) to classic parameter-based designs
that are typically task-agnostic (i.e. designs that map a data
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set to some set of auditory parameters and are not tailored to a
specific task or function).

This paper offers a brief description of what a task
analysis is, describes two previous task analyses that we
performed for the two sEMG evaluation tasks used in our
previous study, and outlines future research into the effects of
task-analysis-based ~ sonification  design on listener
performance.

2. TASK ANALYSIS

As previously mentioned, a task analysis is an analysis and
design tool used in fields such as Human Factors and HCI
[16, 17]. The role of a task analysis can be viewed in several
ways, ranging from the entire front-end predesign process, to
one element of the front end process, to a range of techniques
that come into play at different times during design and
development [18]. Common to each of these perspectives
however is that a task analysis is meant to provide knowledge
about the users, their goals in accomplishing the task, their
environment, the manual elements of the task, the cognitive
elements of the task, the tools used to perform the task, the
duration, order, and complexity of the task, as well as any
other unique factors pertaining to the task [19]. Task analysis
methods were developed primarily as a means for assessing
and reducing human error, though the use of these methods
has expanded over time [20].

There are many different types of task analysis methods
available and one simple way to categorize them is to divide
them into action oriented methods and cognitive methods
[21]. Action oriented methods (such as the commonly used
hierarchical task analysis) focus on observable actions, or
identifying, in top down fashion, the goal of the task, as well
as the various subtasks and conditions under which those
subtasks must be performed in order to achieve the goal.
Cognitive methods, on the other hand, focus on analyzing
and outlining the unseen mental processes — diagnosis,
decision making, problem solving, etc. — that can give rise to
human error [21].

Listening to sonifications for the purpose of data
monitoring, analysis, or exploration requires that the listener
be able to identify certain characteristics of the sounds that
are heard and relate those characteristics to various features
of the data in order to make judgments about the data. Since
this is primarily a cognitive task (not manual), we advocate
using cognitive task analysis methods as tools to understand
the listener’s task. Section 3 below provides an example of
how this can be done and what can be learned from applying
this tool to sonification design.

3. TASK ANLAYSIS OF TWO sEMG EVALUAITON
TASKS

As previously mentioned, we found in our prior research that
different sonification mappings resulted in better listener
performance for different tasks. In this study, each participant
listened to sonifications of two simultaneous channels of
SEMG data. One channel was referred to as Muscle A while
the other channel was referred to as Muscle B. Each
sonification lasted 10 seconds, and in each sonification, both
muscles (A and B) started at rest, contracted at close to the
same time, and then returned to rest. We asked each
participant to identify two characteristics of the muscle
activity represented by the SEMG data: which muscle (A or
B) activated first and which muscle (A or B) exhibited a
higher exertion level.
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For the parameter mapping, the SEMG data being
sonified were sampled at 1000 Hz, and then averaged into
blocks of 100 data points each, creating 10 averaged data
values for each second of SEMG data. These averaged values
were then played back using SuperCollider’s Triangle wave
oscillator at a rate of 10 tones per second to preserve the
original timing of the sSEMG data (e.g. 10 seconds of sSEMG
data yielded a 10 second sonification). The Pitch, Loudness,
and Attack Time of each tone were mapped to the averaged
SsEMG data values. Pitch was mapped to a range of 200 — 768
Hz (roughly G3 to GS5), such that Pitch increased as sSEMG
data values increased. Loudness was mapped to a range of 50
— 68 dB(Z), as measured by the SoundMeter app developed
for iOS by FaberAcoustical, such that Loudness increased as
sEMG data values increased. The Attack Time of each tone
was mapped to a range of 0 — 39 ms, such that Attack Time
decreased as SEMG data values increased (i.e. the Attack
Time of each tone was longest during muscle relaxation and
the Attack Time for each tone became progressively shorter as
SsEMG data values increased).

Three of the six designs tested were spatialized, meaning
that Muscle A was played in the left audio channel and
Muscle B was played in the right audio channel. The other
three designs were not spatialized, meaning that both Muscles
A and B were played equally in the left and right audio
channels (in the center of the stereo field).

We found that, out of the six designs tested, a
Pitch/Loudness with spatialization mapping (PL) resulted in
the best listener performance for the task of identifying which
muscle contracted first. For the task of identifying which
muscle exhibited a higher exertion level, we found that a
Pitch/Loudness/Attack Time with spatialization mapping
(PLA) resulted in the best listener performance. The non-
spatialized mappings showed very poor listener performance.

To understand why these different sonification designs
resulted in better listener performance for different tasks, we
performed a task analysis for both sSEMG data evaluation
tasks, and we use these below to offer a possible explanation
for the observed performance differences.

3.1. Task Analysis #1 - Identifying Which Muscle
Contracts First

Goal: To accomplish this task, the listener must be able to:

1. Understand that the task has started
Identity, as quickly and accurately as possible,
when each muscle changes from a state of rest to a
state of activation

3. Compare the two moments of muscle activation
onset

4. Quickly and accurately report which muscle
activated first

Sonic characteristics that may facilitate this:

*  Adistinct and temporally accurate contrast between
the sound of a muscle at rest and the sound of
muscle activation onset

*  Adistinct contrast in sound could be facilitated by a
change in a number of different sound parameters
including pitch, loudness, harmonic content, and
timbre

*  Temporal accuracy requires that the sonification
present the change in muscle state (from rest to
activation) at the precise moment which it happens
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Observation: Out of the six designs, the PL mapping resulted
in the best listener performance for the task of identifying
which muscle contracted first. This mapping used tones with a
very short attack time and a fast decay, as depicted in the
amplitude envelope diagram shown below in Figure 1:

<+—— 0.1sec —— «— 0.1se¢ =——> «—— 0.1sec —

Figure 1 — Shape of the amplitude envelope for three tones in the PL
sonification mapping (playing 10 tones per second)

As a result of this amplitude envelope, muscle activation
onset was perceived as soon as the tone representing muscle
activation onset played. This was not the case in the mappings
that incorporated attack time as a parameter (the PLA
mapping). For the PLA mapping, the amplitude envelope for
each tone at the moment of muscle activation onset looked
like that shown below in Figure 2:

<+—— 0.1sec ——> «— 0.1sec =——> «—— 0.1sec ——>

Figure 2 — Amplitude envelope for three tones in the PLA
sonification mapping at the point of muscle activation onset

Based on Figure 2, it is clear that, in the PLA mapping,
the tone which represented the point of muscle activation
onset was not immediately heard by the listener. Thus, while
the mappings that included attack time resulted in greater
timbral variety (going from a smooth sound while the muscle
was at rest to a more percussive sound during muscle
activation), this timbral variety may have come at the expense
of some temporal accuracy. With the PL mapping being the
most temporally accurate out of the six designs, it resulted in
the best performance for the task which required temporal
accuracy in the sonification (comparing muscle activation
times).

3.2. Task Analysis #2 — Identifying Which Muscle Exhibits
a Higher Exertion

Goal: To accomplish this task, the listener must be able to:

1. Understand that the task has started

2. Identify when each muscle changes from a state of
rest to a state of activation

3. Monitor the level of exertion for each muscle
during the muscle activation state

4. Identify when each muscle reverts from a state of
activation back to a state of rest

5. Compare the exertion levels for both muscles once
the muscle activation state is complete

6.  Quickly and accurately report which muscle
exhibited a higher exertion level
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Sonic characteristics that may facilitate this:

* Easily identifiable sonic differences between the
sound of a muscle at rest and the sound of a muscle
during contraction

*  Easily identifiable sonic differences between
various levels of muscle exertion

Observation: Out of the six designs tested, the PLA mapping
resulted in the best listener performance for the task of
identifying which muscle exhibited a higher exertion level. As
discussed previously, including attack time as a parameter of
sound in the sonification mapping resulted in greater timbral
variety in the sonification (at the expense of some temporal
accuracy). With this added timbral variety, the tones in the
PLA design sounded smooth and connected while the muscle
was at rest, but sounded progressively more percussive and
distinct as muscle exertion increased. This not only made it
simple to distinguish between the sound of a muscle at rest
and the sound of muscle contraction, but also made it easier to
distinguish between different levels of muscle exertion,
helping to facilitate performance of Step 3 in the above task
analysis. The PL mapping (without attack time) did not
exhibit this timbral variation between muscle rest and muscle
activation, and the listener performance data indicated that
this lack impaired the listener’s ability to distinguish between
various muscle exertion levels. This seems to indicate that
variations in timbre, rather than variations in just pitch and
loudness, can allow a listener to more easily distinguish
between multiple possible data values (in this case multiple
different muscle exertion levels).

3.3. Conclusion

This task analysis process demonstrates that there can be
tradeoffs for wusing different parameters of sound in
sonification mappings. In this case, the tradeoff was between
temporal accuracy and timbral variety, as it was not possible
to have both at the same time with the designs used. The PL
mapping gave better temporal accuracy than the PLA
mapping (and the task analysis showed that temporal
accuracy was required for the task of identifying which
muscle activated first), but the PL mapping did not have the
timbral variety of the PLA mapping. This timbral variety
helped the listeners better distinguish between relative muscle
exertion levels, which resulted in better performance for the
task of identifying which muscle had a higher exertion level.
We believe that using task analysis methods in this way as a
tool for informing sonification design could help sonification
designers identify potential tradeoffs in their designs as well
as identify potentially useful and meaningful sonification
designs for specific tasks.

4. TASK ANALYSIS IN FUTURE RESEARCH

In order to better understand the role that a task analysis could
play in sonification design, we are investigating the space of
task-analysis-based sonification design in work that is
currently in the planning stages. We will be performing
empirical ~ comparisons ~ between  task-analysis-based
sonification designs and classic parameter-based designs,
which are typically task-agnostic. In order to perform an
unbiased comparison of these different sonification mappings,
it is crucial to ensure that each task-agnostic mapping used
faithfully represents the data in the best way that that
particular mapping is capable of. It would be easy to create a
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poor task-agnostic mapping and compare it to a task-analysis-
based mapping and “discover” that a task-analysis-based
mapping results in better listener performance (conveniently
confirming our hypothesis that task-analysis-based designs
will result in better performance). To ensure that this sort of
bias does not creep in, we will base the task-agnostic designs
on designs found in the literature that have been used by other
researchers. The task-agnostic designs will also be designs
that pertain to human movement, since this research focuses
on sSEMG data sonification. We will then compare these task-
agnostic mappings with task-analysis-based mappings to see
how each mapping affects listener performance.

To perform these comparisons, we will identify
characteristics of the sSEMG data for our listeners to identify
after listening to each sonification and then record the
accuracy of their answers. We will then compare the accuracy
of the listeners’ responses between sonification designs in
order to determine the effects of design on performance and
determine whether or not task-analysis-based designs could
improve listener performance.

5. LINKS TO SOUND FILES

Pitch/Loudness mapping with spatialization (PL):
https://soundcloud.com/user-341542684/pitchloudness-
mapping-with-spatialization

Pitch/Loudness/Attack Time mapping with spatialization
(PLA):
https://soundcloud.com/user-341542684/pitchloudnessattack-
time-mapping-with-spatialization
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ABSTRACT

In this paper, we demonstrate a responsive sound
installation consisting of computer-linked thermometers
and cameras installed in both interior and exterior
locations that detect the states of these spaces based on
image and temperature data. The system simultaneously
produces and modifies sound pictograms in different
spaces in order to convey information on motion or
temperature changes. We also propose a sound design
method that represents sounds made by physical objects
using the above-described installation and sound design
method.

1. INTRODUCTION

Herein, we demonstrate a method for creating a
sound installation that uses sensors and computers to
present computer-generated sound and novel pictogram
imagery using information obtained from cameras and
thermometers. The computer-generated pictogram sound
and image data are presented in a different location from
the collection point, and the audience can recognize the
changing states by listening to the sound and/or
watching the imagery.

The system uses thermometers and cameras that are
installed in both interior and exterior spaces to detect the
state of those spaces based on the obtained image and
temperature data. When the state of the captured images
or the temperature changes, such as when a moving
object is detected, a signal tone and a pictogram are
created and assigned to describe the state based on a
temperature and image data-mapping table.

The designed sounds change according to the
detected states, and the proposed installation
simultaneously produces sounds and pictograms in
different spaces in order to convey information related to
motion or temperature states. For example, if the
temperatures of the interior and exterior spaces are
different, different sound pitches are assigned to each
space. Thus, individuals walking from outside to inside,
or vice versa, will experience a change in sound.

If the installation were demonstrated in both interior
and exterior spaces, the temperature in the spaces would
also change with the season. For example, if the
installation were demonstrated in winter, the inside
space would be hot, and outside would be cool, or vice
versa in summer.

If the installation is considered from a long-term
point of view, individuals can experience sounds of
varying pitch, which change with temperature, as the
seasons change. Consequently, the assigned sound
provides information on both motion concerning a

moment and temperature regarding a long period of time.
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2. BACKGROUND

2.1. Sound Pictogram

When a subject hears various sample sounds, his or
her auditory reaction time will differ for each sound
sample. Our proposed auditory system quickly and
easily recognizes signal tones, which are characterized
by a noticeable sound attack, as compared with
environmental sounds. Similarly, sounds that include
only a few frequencies are more easily detected than
complex sounds that combine several frequencies.

The above-mentioned characteristics are used in
various sound design methods in order to provide
interaction tones for home appliances, and notification
and warning sounds in various environments, as well as
navigation information for people with visual
impairments. Characteristics such as pitch, tempo, and
amplitude can be used to classify whether a sound
sample can be easily recognized, and it is important for
sound designers to consider these characteristics.

2.2. Sound Design for Interaction

Senses Senses Senses

»| Olfaction

‘ Olfaction | Olfaction

|

| |

‘ Taste i i Taste ‘ | Taste \

‘ Hearing J‘ 'i Hearing ‘ | Hearing li
| | || [wson ] 7
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I

‘ Vision ‘} Vision

|
|

‘ Tactile

» Tactile ion| Tactile
1 1

Telepresence, Virtual Reality Sonification
and Augumented Reality

Figure 1 Senses and interaction

Auditory icons are icons that designate sound events on
computers, and a number of sound icon design methods,
such as SonicFinder, have been proposed for use in
mapping sounds to computer events via a graphical user
interface. [1] Mapping methods for use between physical
objects and sounds have also been presented, and design
methods have been applied to a tangible user interface
between physical objects and computers. [2][3][4]

An auditory icon assumes that there are several
layers that can be used to differentiate sound types. If a
sound type is easily discerned, it may be an
environmental sound that is generated by some physical
phenomenon in the everyday environment. Sounds can
evoke concrete images, and we can visualize physical
objects based on sounds related to those objects. In
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contrast, in the case of simple sounds that consist of only
a few frequencies, it may be difficult to imagine where
the sounds are generated because of their abstract nature.

Computerized sound engines can generate a number
of waveforms in order to produce artificial sounds that
do not exist in the everyday environment because of
their abstract nature.  Both artificial sounds and
environmental sounds cover a wide range of frequencies.
The abovementioned layers range from concrete to
abstract, and auditory icons are based on the concept of
layers. Responsive systems analyze signals input from
the environment and provide feedback by means of
actuators. There are also cases in which feedback is
returned as a system.[5] Figure 1 shows the relationship
between our senses and demonstrates how the system
transforms input into output. In cases involving virtual
reality, telepresence, and augmented reality, input data
that are detected by sensors are equivalent to output
senses.

In other words, the system transforms visual input
data to same-sense (visual) output data and auditory data
to same-sense (auditory) data. This means that
equivalent senses are mapped by the system. On the
other hand, there are cases of non-like sense mapping, in
which, for example, visual sense data are mapped to
auditory sense data. Sonification and auditory display
are examples of non-like sense mapping. Such
approaches attempt to change visual input data into
auditory output data in order to represent the detected
data using a sound element, such as pitch or tempo. In
the present paper, we focus on auditory representation.

2.3. Sonification timescale

One sound design for navigation systems or home
appliances involves sound mapping of an action. In order
to represent the target action, a mapped sound
corresponding to that action is generated as soon as the
action occurs. One such example would be an interaction
sound that allows a user to determine whether a button

has been correctly pushed based on the interaction sound.

We can begin by assuming that the response system
is connected to a camera and that the system enables
real-time image analysis. When the camera captures
moving objects, the system analyzes their trajectories via
image processing and the sum of the vectors of the
trajectories is calculated as the state in the image. If we
want to express a state via sonification, there are a
number of sound mapping methods available.

The interaction of moving objects and sounds must
be responsive, and a sound should be generated and
expressed as soon as a moving object is detected. This
method enables sounds to be recognized effortlessly so
that listeners can easily imagine what happened in the
space. In other words, the sound is a responsive sign
pictogram that expresses the state of the detected space
captured by the camera. Since sound feedback from an
action is very quick, the response time is very short for
the responsive sounds that are used in these methods.

Next, we will consider sonification-related data
obtained from the natural environment. Examples of data
detected in the natural environment include temperature
and humidity over the course a month. The variability of
data collected from the natural environment over a short
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period of time is lower than that of data collected from
interactions between moving objects because such
phenomena from the natural environment change very
slowly.

Data such as solar wind and cosmic background
radiation are measured over long periods in order to
reduce data variability. If sonification was designed for
these phenomena, sound mappings would be required in
order to express changes in phenomena over extended
periods of time. Changes in micro-world or space
environments would need extended detection periods,
and any sonification produced using that data would be
difficult to comprehend intuitively. Therefore, it is clear
that sound design for sonification should consider both
short-period and long-period phenomena.

(1) Sound mapping for short periods of time

Sounds must quickly return feedback in order to
report action and motion, and the pitch or tempo in the
sound should be assigned to actions and motions.

(2) Sound mapping for a long period of time

Changes associated with the natural environment
occur continually and gradually over long periods of
time, and sound assignments must report the state of the
phenomena. Thus, a new sound method is required.

We investigated the use of thermometers in sound
mapping for both the interactions of moving objects and
the natural environment, and decided to focus on a
design method for interior and exterior spaces.

2.4. Temperature sonification

Environmental Sound

Abstract Sound

Figure 2 Conceptual diagram of environmental
sound and abstract sound

In the following sub-section, we describe our attempt
to implement a sound installation system that captures
temperature and image data. One purpose of the
installation is to create sound pictograms based on
images taken by a camera and detecting temperature via
a thermometer, from which the system generates a sound
that integrates the image and temperature data. In
order to present the state and temperature via sound, a
new method of designing sound pictograms is required.

The results of psychological experiments using the
semantic differential (SD) method indicate that the
timbre of the sound of hitting metal provide a cold
impression, whereas low tempo and pitch provide a hot
impression. High pitch and fast tempo also provide a
cold impression.[7][8] We designed the temperature-
related sound based on these findings.
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Next, we considered how to represent sounds related
to sensor data and how sound should be used to present
thermometer temperature data. In our installation, a
sound pictogram and environmental sounds generated by
granular synthesis are considered. Figure 2 shows a
conceptual diagram of environmental and abstract
sounds. When creating sound pictograms, we assumed
that all sounds were composed of physical pitch, rhythm,
and amplitude. The abstract sound in Fig. 2 consists of
artificial sounds, such as pure tones.

Environmental sounds are composed of numerous
abstract sounds. As in the case of environmental sounds,
increasing the number of abstract sounds in an artificial
design increases the complexity of the resulting sound.
Much like an environmental sound, concreteness
depends on the number of abstract sounds that are added.
We designed environmental sounds and sign pictograms
based on the conceptual diagram.

2.5. Environmental and Signal Tone

Sound Pictograms

Environmental Sound

Figure 3 Sound design concept

Our sound design model consists of sound
pictograms and environmental sound. Figure 3 shows the
concepts behind this sound installation model. As can be
seen in the figure, the concept involves the use of
abstract sound in the form of sound pictograms and
concrete sound as environmental sound.

As described in the previous section, both the
abstract sounds used as the sound pictogram and
environmental sounds have psychological and physical
characteristics that compliment each other. We designed
our sound installation based on category of the concept,
and the sound pictogram and the environmental sound
are used for each purpose.

One of the reasons environmental sound is used is to
provide background sounds. In our model,
environmental sound was generated by granular
synthesis based on 10 sound types. Another purpose of
the sound pictogram is to provide notifications and
intentions. The sound pictograms represent temperature
and provide information on states outside and inside a
room, thereby informing listeners in the room by means
of the designed sound.

2.6. Background Sound

Figure 4 shows a waveform chart and sound
spectrographs based on 10 environmental sound samples
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that were generated via granular synthesis. The granular
synthesis technique is used for combining sound grains,
which are defined as pieces of sound in the sound
samples, via numerical calculation. The resulting
combined sounds can be flexibly changed by modifying
the frequencies and amplitude of the sound grains. The
spectrographs include periodical waveforms that are
composed of numerous frequencies with flat peak levels.
These 10 sound samples were used for synthesis by
Max/MSP, which is a visual programming language.

] H 10 15 20 2

e e
e

Figure 4 Waveform and spectrograph of
environmental sound

2.7. Sound Pictogram
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Figure 5 Waveform and spectrograph of a sound
pictogram

The timbre, volume, and frequency of sounds are
indicated via sine waves or noise in the sound
pictograms of artificial sounds in order to indicate
changes in state or motion.[6] For example, timbre
changes according to temperature. If the timbre includes
metallic factor in SD scale collections produced by
factor analysis, then the sound gives listeners the
impression of cold. High-frequency sound also gives
listeners the impression of cold, whereas low-frequency
sound gives listeners the impression of low activity.

In our sound installation, SuperCollider ~ was used
to create a signal tone generated by a ringing filter in
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order to adjust the sound timbre. Figure 5 shows the
waveform and spectrum of the signal tone. The signal
tone is a periodic sound, and includes only a few
frequencies. The spectrum has a frequency peak of 4,000
Hz and also has only a few frequencies. The following
items were considered in designing the signal tone:

(1) To generate an easily heard pure sound to report the
state that occurs.

The signal tone, which is categorized as an abstract
sound, is a periodical waveform that contains just a few
frequencies. State changes such as detected motion are
reported by the signal tone. We next considered how
sound should be designed in order to indicate the
reported state.

(2) To report temperature by the signal tone.

In our demonstration, assignment of sound for a
continuously changing parameter such as temperature
was considered. The temperature in a room changes
continuously over long periods of time but does not
change drastically over short periods of time. We also
considered how assignment should be made.

The proposed system assigned a sound depending on
the temperature as measured by the thermometer, and
sounds were generated when moving objects were
detected. The table shows the mapping relationship
between temperature and pitch of the generated sound. In
the case of a low temperature in the detection space,
moving objects in the space are indicated by low-pitch
sounds, whereas in the case of a high temperature,
movements are indicated by high-pitch sounds.

Temperature Pitch
Low Low
High High

Table 1 Mapping relationship between temperature and

pitch

3. CONCEPT

Figure 6 Sound installation

Next, we demonstrated an interactive artwork using
sensors and sounds. Figure 6 shows the space used for
the interactive artwork. The purpose of the interactive
artwork is to represent various data types, such as
temperature or motion, using sound and images. In
particular, the present study focuses on the simple
representation of a large amount of sensor data.

It is expected that individuals will be able to
recognize not only states of motion or noise based on
auditory and visual pictograms, but also continuous
changes in those states, such as multiple individuals
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simultaneously walking from an interior to an exterior
space. When numerous people walk through the space,
the system also detects their trajectories. A signal tone
for the people is then reported in the room, and we can
recognize the new state from the resulting noise.
Since representation sounds change according to
temperature and motion, seasonal changes can be
recognized based on pictogram sound in the long-term
point of view. Here, the signal tone is reported when the
system detects state changes, such as motion, via the
camera, and the pitch of the signal tone also changes
according to temperature changes. Changes to the signal
tone created by temperature changes can be easily
recognized if the system is active for long periods of
time.

A responsive system for an interactive artwork
presents not only the motion or action interactions, but
also long-period changes, such as seasonal changes.

4. Implementation

4.1. Visual Pictogram

Figure 7 Visual pictogram in the sound
installation

The interactive artwork utilizes simple icons
indicating temperature and motion. One purpose of the
display is to indicate complex state and temperature
information via simple visual and auditory icons.
Another purpose is to represent these icons as real,
existing objects, such as furniture or shadows. The icon
color provides an indication of temperature. High
temperatures are shown in red, and low temperatures are
shown in blue (Fig. 7).
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4.2. System
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Figure 8 System Architecture

The proposed sound installation system is composed of
three cameras and three thermometers connected using
network protocols. The OSC protocol sends data to
Max/MSP and a number of projectors in real time.
Figure 8 shows the system and network used in our
installation. After captured image and temperature data
are sent to these engines, pictograms are projected as
information on the states that exist in these spaces.

4.3. Camera Detection

Figure 9 Camera detection system

Three cameras for detecting moving objects were
included in our installation (Fig. 9), and the moving
objects were analyzed by an optical flow algorithm of
open source computer vision (OpenCV). The algorithm
used for calculating spatial vectors of luminance
estimates the flow related to the vectors in order to
detect moving objects.

The system analyzed the states of interior and
exterior spaces based on captured images, regardless of
whether the images were captured in an active space. For
example, for a case in which there are moving objects in
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a cold outside space, the system first detects the moving
objects and the temperature information. Next,
computer-generated images and sounds are created
based on the temperature information and the audience
can hear temperature sounds based on the activation in
the cold space.

4.4. Temperature Detection

Figure 10 Thermometer in the sound installation

A thermometer with an embedded microcontroller is
used to generate the sounds and operate the projectors
(Fig. 10). Three thermometers were positioned in interior
and exterior locations, and the temperature levels were
observed in real time. Observed data were then analyzed
and sent to visual server via processing and sound engine.
The pictogram that results from the processing reflects
ambient light based on the temperature in the computer
graphics, and thus represents the temperature state.

5. Conclusion

Our proposed system, which can measure
temperature in interior and exterior spaces and can detect
moving objects by camera, presents the state of these
spaces by mapping sounds and pictograms. The pitch of
a generated sound changes according to temperature and
the activity of the moving object. Based on the detected
image, if the temperature of a space is determined to be
high, a high-pitch sound is generated. Individuals can
then simultaneously recognize activities occurring in
both interior and exterior spaces based on generated
sounds.

Sound pictograms were designed by combining
environmental and abstract sounds, which each have a
role in representing the state in the spaces and ambient
sounds. If individuals can feel or recognize information
about the location states and temperature levels by
hearing the mixed sound, they can also understand
auditory, visual, and tactile sensations by simultaneously
hearing those sounds. Sonification is an augmented
reality that is realized by sound design.

The method used by the designer to map the sounds
is important, and sensor data must be assigned to valid
sounds. These assignments depend on the designer’s
receptivity, and it is important to remember that the
impressions of individuals will also change based on the
sound design. For instance, a heartbeat can be accurately
mapped to a pulse sound in electrocardiography, which
then provides information on the cardiac state by means
of an electrocardiogram and auditory information. The
designed pulse sound can provide accurate information
for predicting imminent cardiac events. When designing
the sound to be used, it is important to map the sound to
the actual object.
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ABSTRACT

Three alternative sonifications of proteomic data distributions
were compared as a means to indicate the neuropathology
associated with Amyotrophic Lateral Sclerosis (ALS) via
auditory display (through exploration of the differentiation of
induced pluripotent stem cell derived neurons). Pure visual
displays of proteomic data often result in visual overload”
such that detailed or subtle data important to describe ALS
neurodegradation may be glossed over, and so three
competing approaches to the sonification of proteomic data
were designed to capitalize upon human auditory capacities
that complement the visual capacities engaged by more
conventional graphic representations. The auditory displays
resulting from hypothesis-driven design of three alternative
sonifications were evaluated by naive listeners, who were
instructed to listen for differences between the sonifications
produce from proteomic data associated with three different
types of cells. One of the sonifications was based upon the
hypothesis that auditory sensitivity to regularities and
irregularities in spatio-temporal patterns in the data could be
heard through spatial distribution of sonification components.
The design of a second sonification was based upon the
hypothesis that variation in timbral components might create
a distinguishable sound for each of three types of cells. A
third sonification was based upon the hypothesis that
redundant variation in both spatial and timbral components
would be even more powerful as a means for identifying
spatio-temporal patterns in the dynamic, multidimensional
data generated in current proteomic studies of ALS.

1. INTRODUCTION

This study investigated three alternative approaches to the
sonification of proteomic data distributions as a means to
indicate the neuropathology associated with ALS. A local
group of researchers routinely generate large complex
proteomic datasets obtained from patient-derived cell lines

DOI: 10.21785/icad2016.024

and animal models in efforts to understand the changes in the
ubiquitin-proteasome system during the progression of ALS.
It is common to attempt to interpret these data with the aid of
visual displays, using graphics such as that shown in Figure 1.
However, these visual displays often provide an unwieldy
summary of the structure of complex proteomic datasets, and
so it was of great interest to determine if sonifications could
provide an additional useful approach to the exploratory
analysis required for this data, both as an accompaniment to
visual display (as suggested in [1]), and as an independent
means by which a stand-alone auditory display might become
regarded as potentially useful in its own right (this is not a
new idea, such proposals appearing in the early 1980’s [2]).
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Figure 1: An example of a visual display of proteomic data of
the sort that has been utilized to aid in understanding the
changes in the ubiquitin-proteosome exhibited in studies of
proteomic ALS neurodegradation.
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The over-arching assumption here is that auditory
enhancement of visually represented data can significantly
increase the ability of researchers to detect subtle changes or
anomalies in such numerical data sets. Although the
motivation for this research was to develop potentially useful
auditory display tools for practical applications in the
medical sciences in general, this paper reports only
preliminary results of a single case study of proteomic data
associated with neuropathology in ALS patients. A primary
goal of this particular study was to determine which of three
sonifications would be judged by domain experts to be most
successful in identifying differences in spatio-temporal
patterns within the multidimensional proteomic data
generated in a single exploratory study. In addition to
polling the opinions of domain experts, however, this
preliminary study assessed, using in two psychometric tasks,
the success of three sonifications in aiding naive listeners to
identify differences between proteomic data distribution of
three types of cells. The first task required naive listeners to
make dissimilarity judgments for all pairwise comparison of
the set of nine cases defined by the factorial combination of
three cell types and three sonification methods. The second
task required those same naive listeners to make ratings of
each of the nine stimuli on a number of subjective attributes
that might be related to the perceptual dimensions underlying
their dissimilarity judgments.

Although these results reveal only the perceptual
distinctiveness of the sonifications, they provide a basis for
further exploration of the potential value of these
sonifications, with the benefit that their perceptual
distinctiveness has been established. Clearly, further work
will be required to address important issues in sonification
system usability for this application, and to determine
whether the system will provide a real benefit to domain
experts. Indeed, this paper reports preliminary evaluation
results as an indication of progress on just one component of
the larger medical research project in that it focuses only
upon the effectiveness of the display technology used to aid
medical scientists in interpreting and understanding their
medical data (particularly proteomic data). Nonetheless, it is
reasonable to assume that such preliminary examination of
the perceptual distinctiveness of sonification system outputs
will be a valuable first step in developing and exploring
novel sonifications.

2. METHODS

Three alternative proteomic data sonifications were
developed and compared in terms of their potential to
communicate to the user changes due to neuropathology
associated with ALS. Without any prior experience with
auditory display of such data, an approach was adopted that
is here termed ‘hypothesis-driven’ design of these
sonifications, with the expectation that the relative value of
the sonifications could be evaluated by the domain experts,
who would try to detect differences between the results for
ALS cases versus control cases. Of course, ground truth was
already available for these particular data, since the ALS
cases were selected on the basis of established medical
diagnostic procedures.  Therefore, relative performance
under blind testing conditions has been used to determine
which sonifications were best able to communicate to the
user regarding neuropathology associated with ALS via
changes in sonifications that were directly driven by
differences in distribution of the proteomic datasets.
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One hypothesis to be tested was that variation in
predominantly timbral attributes would be most effective in
revealing differences in proteomic data distributions. An
alternative hypothesis was that variation in spatial timbral
attributes would be more effective in creating audible
differences between the sonifications produced for each of
the three cell types. Finally, a third hypothesis was that
including redundant variation in both timbral and spatial
attributes would be more effective than just one or the other
of these two individual approaches in isolation. Preliminary
results suggested that comparison of these three sonifications,
based as they were upon this ‘hypothesis-driven’ design,
should allow for the rejection of a hypothesis that had
resulted in less effective sonifications, leaving for future
consideration only those hypotheses that were not rejected
through blind testing. This scientific approach to the initial
evaluation of competing sonifications will be examined in
more detail in subsequent sections of this paper; however,
before describing further this study’s experimental design,
the auditory display technology underlying the alternative
sonifications will be presented.

2.1. Sound synthesis for the sonifications

In order to generate a sonification for the available proteomic
data of interest, a strategy for synthesis that took into account
the complexity of the large multivariate dataset was
formulated based upon parameter mapping [3]. For nine
distinct cases, an assembly of short-duration, temporally
overlapping ‘grains’ of sound were created, the parameters of
which were selected to approach approximately the minimum
perceivable event time for distinct percepts of duration,
frequency and amplitude (i.e., approaching auditory
resolution of human observers in discriminating between
identifiable attributes of loudness, pitch, and those
component auditory attributes that are generally regarded as
belonging to one of two collections termed timbral or spatial
attributes). The ‘hypothesis-driven’ design approach taken
here required sound synthesis technology that could offer
independent variation of many synthesis parameters to
provide identifiable variation in distinct auditory attributes.
In the initial stage of this work, synthesis based upon a
simple physical model [4] was tested for it’s versatility in
producing a wide range of short sounds exhibiting audibly
identifiable timbral variations that all had potential for
evoking physical referents in the minds of the listeners. In
the next section, the spatial positioning of grains is explained.

The synthesis technology that ultimately was adopted for this
project resembles granular synthesis (see [5]), in that a
multitude of short sound sources formed an ensemble output
(likened to a ‘swarm’) rather than forming clearly separable
events that might be heard as distinct in time and space. In
all sonifications designed for the current work in this way,
there was always a hypothesis to be tested regarding which
parameters of the data were ‘mapped’ to particular synthesis
parameters. It is beyond the scope of this paper to present
the details of the synthesis technology that was developed
and refined through experimentation with the available
multidimensional proteomic data. Suffice it to say that
swarms of percussive ‘grains’ (again, see [5]), synthesized
with ‘parameter-mapped’ control over multiple timbral
attributes, were distributed in time and space according to the
distribution of proteomic data that featured 1815 variables
observed over the nine cases to be examined.
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2.2. Spatial sound processing for headphone display

Although discrimination of frontward from rearward
incidence of sonification components could be well
supported if binaural processing were to be coupled with
head-tracking technology (see [6]), the experimental stimuli
generated in the current investigation were not modified by
active sensing of the listener’s head turning. Without such
tracking of head movements, the sonification designer should
not expect the listener to be able to clearly identify whether a
source presented at a given lateral angle is being presented
with frontward or rearward incidence. Due to the difficulty
in supporting reliable front/rear distinctions using uncoupled
binaural processing for headphone-based spatial auditory
display (again, see [6]), only a simplified model of head
acoustics was employed here to move sonification
components along the listener’s interaural axis.  The
acoustical cues that were simulated in order to accomplish
this manipulation of sound source incidence angle included
the interaural time delay (ITD) and the head shadow that
generally grows larger at the listener’s contralateral ear as the
incidence angle of the source is offset laterally from the
listener’s median plane. This approach offered an advantage
over a single-user headphone display in that several listeners
could use the system simultaneously without the unexpected
variation that would occur if the spatial processing were
coupled with head movement of just one of multiple listeners.
Of course, using head-coupled updating of headphone-based
binaural rendering technology could be added for single-user
exploration of the spatial configuration of sonification
components (including sensitivity to the listener’s translation
movements as well as changes in head orientation); however,
for the initial studies reported here, only non-head-tracking
headphone technology was employed.

2.3. Spatial versus timbral emphasis in sonification

There were nine sonifications created from the factorial
combination of three synthesis solutions' applied to data
from three cell types. So for each of three types of cells that
should produce an identifiably different sound, each of three
unique parameter-mapping synthesis solutions were applied
for presentation. The first of these synthesis solutions was
termed the ‘Timbral-only’ approach, which put emphasis
upon timbral differences resulting from spectral variation
between grains. The second approach was termed the
‘Spatial-only’ approach, which held grain spectra constant,
and only distributed the grains spatially along the listener’s
interaural axis. The third approach was termed the ‘Spatial-
Timbral® approach, and combined redundant variation in the
output sound based upon the simultaneous application of
both of these parameter-mapping approaches. These
sonifications were chosen as candidates for best allowing the
differences between cells to be appreciated by any observer,
not just those with domain knowledge.

! The synthesis solutions employed here were all programmed
within the Matlab™ environment. Although the details of the
synthesis approaches taken would no doubt be of interest to a
subset of readers, those details are considered to be beyond
the scope of this paper. The code itself provides the most
enabling description of the synthesis approaches. In order to
enable interested researchers in replicating the approach taken
in the project described in this paper, the employed Matlab
code will be provided online (please send an email request to
the first author for the URL).
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2.4. Experimental Tasks

While discrimination between sonified cases was examined
in pilot tests that were run informally during development of
competing sonifications, the formal study that allowed more
comprehensive analysis of similarities and differences
between sonifications comprised two tasks. The first task
was a pairwise dissimilarity-rating task, in which the global
differences between nine sonification outputs were examined,
without respect to particular identifiable attributes. The
second task was an attribute-rating task, in which the
particular character of each of the nine sonification outputs
were examined with respect to identifiable attributes that
were exemplified by anchoring stimuli found to be positioned
at the extremes of each continuum for those attributes that
seemed most distinctly varying within the set of nine stimuli.
In fact, for the initial exploration of the characteristics of the
nine stimuli, only the sonification developer engaged in the
selection of adjectives describing the stimuli through
informal discrimination tasks, and so no profiling of the
stimuli was done by the five listeners who were naive
regarding the purpose of the experiment. The two formal
tasks were completed by these five naive listeners, but the
adjectives used to describe the attribute rating scales were
only introduced after the completion of the pairwise
dissimilarity-rating task, in order to avoid drawing attention
to the experimenter-identified attributes. The instructions for
the first task indicated to the listeners that global dissimilarity
ratings were required, rather than differences between
sonifications based upon particular auditory attributes).

All pairs of nine sonifications were presented to five listeners
for their evaluation via Sennheiser HD600 headphones at a
comfortable listening level (approximately 75 dBA). Each
listener completed one block of 72 trials, which is the
number of paired comparisons resulting from the exclusion
of the diagonal entries of the 9 x 9 matrix of dissimilarities
(i.e., excluding all comparisons between identical stimuli).
The sonifications in each pair were presented twice, in two
separate trials, with order of presentation reversed for the
second presentation, and always separated by a 1-s delay. For
each pair of sonifications, listeners recorded their inter-
stimulus dissimilarity ratings using a horizontal slider
incorporated into an onscreen Graphical User Interface (GUI).
On-screen instructions prompted listeners to indicate how
similar they thought the sonifications sounded, with the
leftmost response indicating that the sonifications sounded
most similar, and the rightmost response indicating that the
sonifications sounded maximally dissimilar. Each listener
had to develop his or her own criterion for the anchoring
point of maximal dissimilarity during an initial practice run
in which 12 representative pairwise comparison trials were
completed. After the initial practice run of 12 trials, each
listener completed the formal run of 72 trials. The
dissimilarity data matrices produced by each listener in these
72-trial runs could have been averaged to produce a single
dissimilarity data matrix for group analysis, however a more
powerful analysis using INdividual Differences SCALing
(INDSCAL) was employed to examine how the five listeners
differed from each other, in addition to the summary that is
available via examination of the group result.

The combined collected dissimilarity ratings from the group
of five listeners were submitted to INDSCAL to obtain two
useful outputs: First INDSCAL produced a two-dimensional
(2D) spatial configuration of cases (a group ‘Stimulus Space’
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derived for five listeners taken together) in which each
sonification was given coordinates along two dimensions so
that the Euclidean distances between the points corresponded
to the dissimilarity ratings. The INDSCAL analysis also
produced estimates of the differences in weighting that each
of the five listeners placed on the resulting dimensions
(which weightings are captured by INDSCAL in terms of a
‘Subject Space’). Further details of the analysis are given in
the next section of this paper (see the book on Modern
multidimensional scaling by Borg and Groenen [7] for a
more complete explanation of INDSCAL analysis).

The instructions for the second task indicated to the listeners
that attribute ratings were required, based upon than
differences between sonifications that could be identified
with particular auditory attributes. These attribute scales
were anchored by adjectives that had been selected by the
experimenter to represent the most distinct differences within
the set of nine stimuli that seemed likely to be understood by
the naive listeners without much explanation. The selected
anchors included the following pairs of adjectives:

Sparse €=> Dense
Tense € =» Relaxed
Smooth €= Rough
Compact € =» Scattered
Simple €= Complex

3. RESULTS

The results of the INDSCAL analysis of the obtained data are
shown in Figures 2 and 3. The Stimulus Space shown in
Figure 2 uses plotting symbols that indicate the type of cell
('Control', 'ALS', and 'Fibroblast') for which each sonification
was generated, as indicated in the legend located in the upper
right corner of the graph. Line segments connect the plotting
symbols in order to group together the results for the three
cell types that were associated with each type of sonification
that was employed for the group. The interpretation of this
graph may not be obvious at first glance, but it is actually
quite straightforward:  The three groups of connected
symbols will be plotted close to one another if the perceived
differences between them is relatively small. For example,
the smallest cluster of symbols that are grouped near the
origin of the graph (i.e., the [0,0] point) are associated with
‘Spatial-only’ sonifications that were heard to be more
similar to each other than those associated with the other two
groups of sonifications. The value of this plot is that the
relative distance between plotting symbols can be interpreted
as providing a uniform indication of both within-group
differences and between-group differences (the term
‘uniform’ is used here to indicate that all distances here are
based upon a common Euclidean scale). Yet it remains to be
asked, what can be concluded from such results. The primary
conclusion would be that the sonification type used for the
group of cells associated with ‘Spatial-Timbral’ sonifications
are showing the greatest inter-stimulus distance of all three
groups, and therefore this sonfication solution would be
preferred according to the criterion that these cells should
produce sonifications that are perceptually different as
possible.
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Figure 2: Stimulus Space resulting from the INDSCAL
analysis of nine sonifications. Line segments connect the
three sets of points associated with each sonification
approach, and symbol shapes indicate the cell type being
sonified (as identified in the inset legend).

As mentioned in the methods section of this paper, INDSCAL
analysis also produces estimates of the differences in
weighting that each listener places on the resulting
dimensions.  This INDSCAL-derived ‘Subject Space’ is
shown in Figure 3 for the group of five listeners who
participated in this exploratory study. Although the obtained
dissimilarity-rating data requires different weights on the two
dimensions of the group ‘Stimulus Space’ for each listener,
the advantages of INDSCAL is that these differences make it
possible to separate such individual differences from the
group solution, which shows the common underlying
configuration that fits best to all the data. Note that three of
the listeners put roughly equal weights upon the two
‘Stimulus Space’ dimensions, indicated by vectors drawn at
around 45° from the origin of the graph in Figure 3. One
listener put slightly more weight upon Dimension 2, while the
remaining listener put more weight upon Dimension 1.
Nonetheless, the results are consistent with the hypothesis that
for the nine sonifications presented, the five listeners share a
common underlying perceptual space that admits of two
salient dimensions (although conjecture about the existence of
a third underlying dimension might be tempting to consider,
comparisons between just nine stimuli do not provide an
adequate basis for supported such a conclusion, as explained
in the Borg and Groenen [7] book).

0.5

Dimension 2

0 L
0 0.5 1

Dimension 1
Figure 3: Subject Space resulting from the INDSCAL
analysis of nine sonifications for five listeners.
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Having concluded that the nine sonifications can be
configured within a common perceptual space for the five
listeners, it remains to be determined how those two salient
dimensions might best be interpreted. One answer to this
question would be to find out whether INDSCAL-derived
Stimulus Space coordinates could be related to ratings of
those stimuli along identifiable auditory attribute scales
anchored by the adjective pairs selected by the experimenter.
Therefore, the attribute ratings made by those same five
listeners, when presented with those nine stimuli individually
on separate trials, were submitted as competing predictor
variables in a stepwise regression analysis. Although the
correlations between sets of ratings could be fairly high, such
as that between the smooth-rough and the tense-relaxed rating
data, the stepwise regression analysis showed a single set of
ratings as the best predictor for INDSCAL Dimension 2, and
that was the set associated with the compact-scattered
anchoring adjectives (with R’=0.66). After excluding the
compact-scattered set from consideration for interpreting
INDSCAL Dimension 1, no one of the four remaining
predictors showed a particularly high correlation with the
coordinates of the nine stimuli on Dimension 1. However,
when the smooth-rough and the tense-relaxed rating data were
combined to form a new composite predictor, that new
predictor accounted for a more of the variance in Dimension 1
coordinates (with R7=0.45).

Taken together, the results of the two tasks serve to show how
big the differences were between nine sonifications, and also
suggest how one might describe the nature of those
differences. The differences between the outputs of the three
sonification techniques were best described as varying along a
compact-scattered dimension (in the vertical direction of the
graph). Clear differences also existed in the configurations
derived for the sonifications of the three cell types, which
differences were associated primarily with variation in both
the smooth-rough and the tense-relaxed ratings.

4. DISCUSSION AND CONCLUSION

The results obtained in this exploratory study only scratch the
surface of the problems that must be addressed in developing
and evaluating sonifications in this domain of complex,
multidimensional proteomic data generated by research
studies in medical science. = Of the three types of
sonifications presented, it seems that sonifications mapping
from data to both timbral and spatial parameters provide
more distinguishable results than mapping to either timbral or
spatial alone, although these results must be regarded as quite
preliminary. Nonetheless, the results seem quite promising
when compared to the results of typical attempts to visualize
such data. One such attempt utilizes multivariate analysis to
reduce the complexity of the data to a more easily digestible
form. Of course, similar data reduction procedures can be
used as a pre-processing step for sonification as well (see [8]).
What most such analyses typically attempt to do is to
capitalize upon redundancy in the data to find a lower-
dimensional perspective on the patterns of underlying
variation.

The fact that the 1815 variables are somewhat correlated
with each other means that a good deal of the variance in the
data is shared, and that shared variance might be represented
by a projection of the cases onto a single axis or two through
the 1815-dimensional space defined by the proteomic
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variables. The most common multivariate analytic technique
that seeks out such a projection is Principal Component
Analysis (aka PCA). PCA effectively rotates the axes in a
multivariate space to find the principal axis along which the
variance in the dataset is maximized, taking advantage of the
covariance between all the variables. The analysis also finds
a second axis, orthogonal to the first, that accounts for the
greatest proportion of the remaining variance (see [9]).
Figure 4 shows the scores on the principal components
resulting subspace projection for the nine cases that were
examined in the current study. While the simplicity of the
graph in Figure 4 suggests that a simple difference might
exist between the three groups of three items here, there is no
way of learning from the graph what the meaning of the
underlying components might be. Nonetheless, the PCA
does provide a potentially more satisfying look at what is
going on in the data, even though this involves a somewhat
unwieldy graphical analysis of the weights involved in
constructing the linear combinations on which the scores
shown in Figure 4 are based.
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Figure 4: Principal Component (PC) Scores resulting
from the multivariate analysis of the proteomic data that
featured 1815 variables observed over nine cases.
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Figure 5: Weights placed upon the 1815 variables that
resulted from the Principal Component Analysis (PCA) of
the proteomic data.

The weights that were placed upon each of the 1815
variables are illustrated in Figure 5. It is difficult to imagine
seeing a pattern here, but it is not so difficult to imagine
hearing a change in the underlying pattern of sound ‘grains’
that might be generated through the spatiotemporal
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distribution of those ‘grains’ in an appropriately constructed
sonification of these data. It is precisely the expectation that
such patterns might be appreciated by ear more readily than
by eye that motivated the current work.

It is instructive to compare the current results with those of
other developers of sonification systems that used similar
granular synthesis techniques. An example of early work
using granular synthesis, and that also was notable in that it
shared a similar psychometric testing perspective, was that
of Smith, et al [10]. Their approach was to use a three-
alternative forced choice (3AFC) task to track a user’s ability
to discriminate between ‘clouds’ of granules varying in
frequency with controlled mean and standard deviation
within two clouds being compared. Thresholds for hearing a
comparison cloud to be ‘higher’ than a reference cloud were
measured in the presence of distracting frequency-dependent
amplitude modulation resulting from granules closely
adjacent in frequency. In presenting their seminal work,
Smith, et al [10] identified the types of perceptual
discrimination that might be studied as either detection,
recognition, or discrimination. The current work extends
their psychometric testing approach to include global-
dissimilarity-based perceptual scaling with attribute scaling
to aid in the interpretation of underlying dimensions. The
current results offer the advantage of determining which of a
number of competing sonifications created for a small group
of listeners the greatest overall perceptual differences
between cases for which discrimination is desired (i.e.,
between cell types). Furthermore, the magnitude of the
perceptual differences so observed could be compared to the
magnitude of the perceptual differences existing between the
multiple outputs of the competing sonification techniques,
since these both types of differences were scaled in a
common multidimensional space.

In a 1999 review paper, Barrass and Kramer [11] have
provided a comprehensive survey of approaches for
designing sonifications, and also have outlined ongoing
concerns with the existing sonification practice.  Of
particular relevance is their discussion regarding how
knowledge about auditory perception can allow sonification
designers to predict how listeners will be able to perceive (if
not understand and interpret) variations in novel
sonifications. As in the current study, such knowledge can
be derived for competing sets of sonifications, however, the
point made by Barrass and Kramer [11] is well taken that the
theoretical evaluation of new, untried designs requires more
than psychoacoustic data. This is because psychoacoustic
theories do not involve issues of representation that are
central in sonification, since listeners needs to hear the
underlying data relations in the sounds, rather than just the
auditory attributes that are modulated by them.

Thus, the current work in evaluating ALS-related proteomic
data sonifications must be regarded as work that is still in the
carly exploratory stage. As the work enters into a second
more confirmatory stage, it will become critically important
to establish the means whereby progress and success can be
ascertained. Therefore, in a manner that was thoroughly
discussed in Bonebright and Flowers’ [12] chapter in the
Sonification Handbook on ‘Evaluation of Auditory Display’
the initial (and ongoing) evaluation of the current
sonifications has been focused upon whether the auditory
distinctions displayed in each of the three case studies are in
fact as audible and intelligible as the sonification system
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developer has designed them to be. The evaluation methods
that were used in this regard are those borrowed from
perceptual science, and include psychophysical testing for
detection, discrimination, and identification of displayed
auditory attributes. In addition, the perceptual distinctions
displayed in the sonifications presented in the current study,
which were intended to distinguish differences that exist in
the proteomic data, were assumed to grow larger in
perceptual magnitude as differences in the data grew larger.
This assumption was directly tested in the experiments
reported here, in that known differences in the data
(according to the medical science) were used to predict the
heard differences reported by observers based strictly upon
blind pairwise comparisons between sounds (i.e., the
estimated perceptual differences/similarities formed by
listeners blindly, on the basis of the auditory display alone).
Other simple psychophysical tests involving pairwise
discrimination in terms of identifiable attributes can certainly
be considered, but have not been executed as yet.

Beyond these more elementary psychological measurement
techniques, future development of the sonification systems
under test will employ a broad range of evaluation methods,
which have been chosen to address the most important issues
in sonification system usability. In the final analysis,
however, the completed sonification system must meet
explicit acceptance criteria before its success is demonstrated.
As outlined by Schneiderman and Plaisant [13], these criteria
for evaluating system performance might include the
following:

*  Time for users to learn specific functions
*  Speed of task performance

*  Rate of errors by users

*  User retention of commands over time

*  Subjective user satisfaction

In additional to the overall satisfaction with the displayed
sonification that may be expressed by system users with
domain knowledge, which satisfaction may diminish with
time, a more objective evaluation is to be recommended. It
is not enough that users think that they can use a system
effectively; rather, it is important to determine whether users
can reliably make accurate judgments about the information
being displayed as part of a typical use-case analysis. Thus,
otherwise satisfying sonifications, which are nonetheless
finding no support from the results of double blind testing,
will eventually be rejected. Ultimately, it is hoped that such
an approach will contribute to the formulation of a more
general theory of sonification. Empirical results such as
these might allow a sonification theory to evolve through a
somewhat natural ‘winnowing out’ of unsuccessful
approaches, supporting a general approach to sonification
with the potential to fill ‘ecological niches’ with truly
winning applications.

5. REFERENCES

[1] C. Scaletti, and A. B. Craig, “Using sound to extract
meaning from complex data,” Electronic Imaging '91,
San Jose, CA. International Society for Optics and
Photonics, 1991.

Page 26



The 22™ International Conference on Auditory Display (ICAD-2016)

[2] J. J., Mezrich, S. Frysinger, and R. Slivjanovski.
“Dynamic representation of multivariate time series
data,” Journal of the American Statistical Association,

79(385), pp. 34-40, 1984.

[3]1 F. Grond, and J. Berger, “Parameter Mapping
Sonification,” In Hermann, T., Hunt, A., Neuhoff, J. G.,
editors, The Sonification Handbook, Chapter 15, pp.
363-397. Logos Publishing House, Berlin, Germany,
2011.

[4] K. Karplus, and A. Strong. “Digital synthesis of plucked-
string and drum timbres,” Computer Music Journal,
7(2), pp. 43-55, 1983

[5] P. Dutilleux, G. De Poli, A. von dem Knesebeck, U.
Zdlzer, “Time-segment processing,” In DAFX - Digital
Audio Effects (2nd ed.). John Wiley & Sons Ltd., 2011.

[6] W. L. Martens, “Perceptual evaluation of filters
controlling source direction: Customized and generalized
HRTFs for binaural synthesis,” Acoustical Science and
Technology. 24(5), pp. 220-232, 2003.

[71 Borg, 1., and Groenen, P. Modern multidimensional
scaling: Theory and applications (2nd ed.). New York,
NY: Springer, 2005.

[8] S. Ferguson, W. L. Martens, and D. A. Cabrera,
“Statistical Sonification for Exploratory Data Analysis,”
In Hermann, T., Hunt, A., Neuhoff, J. G., editors, The
Sonification Handbook, Chapter 8, pp. 175-196. Logos
Publishing House, Berlin, Germany, 2011.

[91 G. H. Dunteman. Principal components analysis. SAGE
Publications, Inc, Thousand Oaks, CA, USA, 1989.

[10] S., Smith, H., Levkowitz, R. M., Pickett, and M.,
Torpey, “System for psychometric testing of auditory
representations of scientific data,” in Proceedings of the
International Conference on Auditory Display ICAD ‘94,
Santa Fe, New Mexico. 7-9 Nov, 1994,

[11] S. Barrass, and G. Kramer, “Using sonification,”
Multimedia Systems, 7(1), 23-31, 1999.

[12] T. L. Bonebright, and J. H. Flowers, “Evaluation of
auditory display,” In Hermann, T., Hunt, A., Neuhoff, J.
G., editors, The Sonification Handbook, Chapter 6, pp.
111-144. Logos Publishing House, Berlin, Germany,
2011.

[13] B. Schneiderman, and C. Plaisant, Designing the user
interface: Strategies for effective human computer
interaction (5th ed.), Boston, MA: Addison-Wesley,
2010.

July 2-8, 2016, Canberra, Australia

Page 27



The 22" International Conference on Auditory Display (ICAD-2016)

July 2-8, 2016, Canberra, Australia

SONIFYING THE SOLAR SYSTEM

Michael Quinton, lain McGregor and David Benyon

Edinburgh Napier University, School of Computing,
Merchiston Campus, 10 Colinton Road, Edinburgh,

EH10 5DT, United Kingdom
{m.quinton, i.mcgregor, d.benyon}@napier.ac.uk

ABSTRACT

Sound is potentially an effective way of analysing data and
it is possible to simultaneously interpret layers of sounds
and identify changes. Multiple attempts to use sound with
scientific data have been made, with varying levels of
success. On many occasions this was done without
including the end user during the development. In this study
a sonified model of the 8 planets of our solar system was
built and tested using an end user approach. The
sonification was created for the Esplora Planetarium, which
is currently being constructed in Malta. The data
requirements were gathered from a member of the
planetarium staff, and 12 end users, as well as the
planetarium representative tested the sonification. The
results suggest that listeners were able to discern various
planetary characteristics without requiring any additional
information. Three out of eight sound design parameters
did not represent characteristics successfully. These issues
have been identified and further development will be
conducted in order to improve the model.

1. INTRODUCTION

Sonification of Scientific Data has gradually become more
established since 1985 [01]. The large amounts of data that
make up the basis of cosmic research suggest that
sonification may be a suitable tool for data analysis, where
the technique has been used to an increasing extent. For
members of the general public spectacular images of the
planets and other space related phenomena could
potentially be sonically enhanced to include additional data
not easily conveyed through traditional imagery. These
sonic signatures might not only increase the entertainment
value, but also help educationally. It may also improve
accessibility, by providing a richer experience for those
who are visually impaired. Sonification acts like a sound
effect in a film where it enhances or indicates the nature of
a particular parameter. For example if taking a scene from a
film where the sound of a steam engine is heard but is not
represented visually on screen then the viewer still feels
that there is a steam engine in that particular scene and can
relate to it.

1.1. Sonification and Planetariums

Scientists, composers and sound artists have explored and
implemented sonification in planetariums usually in the
form of installations, exhibits or performances based on
musical compositions. These sonifications offered an
educational and entertainment value to the audiences.

DOI: 10.21785/icad2016.003

Through sonification, abstract concepts like planetary
movements, can be made more tangible and
comprehensible to the general public. Since many
sonifications have been created as artistic pieces a certain
degree of scepticism from scientists has made them wary of
using sonification as a scientific tool. Barrass [2] refers to
the conflict between the more traditional scientific view
with relation to data analysis and the new view, which
embraces the advantages of the human auditory system and
its cultural significance. There is a fine line between
sonification as a means of scientific exploration and merely
being perceived as a popular mass media marketing tool.

Out of the 58 examples of sonification that have been
mentioned by Dubus and Bresin [3] the majority of these
are related to scientific applications. In this list of examples
it is interesting to note that only three sonifications related
to astronomical sciences are mentioned. When compared to
other areas of scientific study sonification ranks as one of
the poorer fields of science. Considering the large amounts
of data involved in astrophysics the use of sonification in
this field can be explored in more detail. The difficulty
arises when trying to find the right balance between artistic
input and sonifications that are usable in scientific data
analysis. It is for this reason that an end user approach was
adopted for this study.

1.2. Sonification

The multidimensional and multidirectional nature of
hearing, or the spherical nature of sound as described by
Sterne [4], allows for a number of characteristics of
sonified data to be recognised. By listening to data it is
possible to perceive patterns and structures that may not be
apparent using visual methods. Certain sounds can be
relegated to the background and given lower priority
allowing the user to carry out other tasks while listening.
There is also the ability to filter out certain sounds in order
to be able to focus on specific sounds within a dataset [5].
By intentionally not discerning individual sounds, complex
sounds can be perceived as a whole allowing the listener to
hear multiple audio streams in parallel. Sensitivity to high
temporal and high frequency resolution makes us distinctly
sensitive to rhythm and pitch allowing listeners to
distinguish minute changes in details and enables the use of
complex datasets. From slight changes in sound, users can
detect a variation in data through which the listener can
convey the parameters affected. Apart from being able to
handle other tasks while listening to data, there is also the
advantage that it is possible to listen to data without having
to look at a screen or to even be seated in front it which is
ideal for distance monitoring [6]. Hermann and Hunt [7]
mention how humans are capable of identifying sound
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sources, spoken words and melodies under noisy
conditions. Sound can be a tool for navigation in a fixed
image as it portrays movement and offers spatiality. Time
dimension is also well supported by sound mapping. Sound
can be a potent means of allowing users to create mental
image associations and this in turn strengthens memory [8].
It is also advantageous from the point of view of data
storage where a single channel of uncompressed 640 x 480
video equals 200 channels of CD quality audio [9].

1.3. Hearing in relation to Sonification

Considering the sophistication of human hearing, sound can
potentially be utilised effectively in the process of data
analysis. Sound parameters can be attributed to data in
order to represent various characteristics. In Table 1 basic
elements of hearing as described by Levitin [10], are
compared to sonification mappings that were used in a
number of sonification projects that have been listed and
categorised by Dubus and Bresin, [3]. It is worth noting that
the sonification mappings can vary accordingly and are not
necessarily arbitrary, and it is often the sound designer who
designates the various parameters according to need. Dubus
and Bresin have managed to show that the majority of
projects used certain mappings related to specific
parameters consistently.

The above mentioned sonification mapping parameters
have been used in the sonification process of cosmic data,
such as the sonification of Kepler space telescope star data
[11] where the brightness values of certain stars were
observed over long periods of time. Fluctuations in the
brightness values indicated that planets were passing
between the Kepler telescope and the star that was being
observed. In order to sonify the data the software
‘Sonification Sandbox’ was used. ‘Sandbox’ is multi-
purpose software used for sonifying data. It allows users to
map data to multiple auditory parameters such as timbre,
pitch, volume and pan.

Table 1: - The relationship between hearing and sonification
mapping possibilities

Parameter Sonification Mapping
Loudness Proximity, size, importance, energy
. Location, size, orientation, velocity,
Pitch . . L
motion, size, distinction
This would represent the overall
Contour . .
sonification
Rhythm Intensity, density, speed
Tempo Velocity, event rate
Timbre Proximity, intensity, importance
. Motion, 1 ion, proximi
Reverberation otion, ocgt on, prox t,
spatialization

Sources: Levitin, [10] and Dubus & Bresin, [3]

One of the most commonly used techniques of
sonification in Astronomy is Audification. NASA has
published numerous examples of audification, such as those
from waves captured by the Cassini spacecraft as it travelled
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through our solar system. There are various examples of
different solar system phenomena like solar winds, sounds
from Jupiter, Saturn, the moons of Titan, Encaledus, the
rings of Saturn and the Voyager 1 recordings from outside
the heliosphere of our solar system (The heliosphere is the
sun’s magnetic field inflated to gargantuan proportions by
solar winds [12]). These radio waves have been transposed
by software platforms such as xSonify and brought into the
human range of hearing [13]. Data like these can be
immediately transposed in pitch. For example, readings
from Jupiter of radio-astronomy data led to the discovery of
whistlers, hiss and chorus.

1.4. Sonification of Astronomical Phenomena

Dubus and Bresin [3] describe how scientists are becoming
more accustomed to using sonification as an analysis tool
and that the community of researchers using this new tool
has grown substantially. Out of the few sonifications made
for space physicists none have been designed and tested
with the end user [14]. This results in the sonifications
being inadequate for the task of data representation and end
up not being used. Dubus and Bresin [3] make reference to
comments by Scaletti [15] where she states that sound
attributed to data can only be called sonification once it has
been done with the intent of understanding or
communicating something about the original information.

The use of sonification in discerning space data is
growing but not a new field. Donald Gurnett has been
sonifying data from spacecraft for decades [16]. It was
believed that space was a vacuum and therefore sound was
unable to travel through it [17] but it has now been
discovered that space is not a total vacuum and that stuff
does exist between the stars at very low densities and
pressures which makes the sound waves inaudible, but sound
waves can actually travel through space [18]. This argument
is further supported by Professor Carolin Crawford [19] and
in a presentation entitled ‘The Sounds of the Universe’ she
states that, “sound can be used as a diagnostic of cosmic
phenomena, indirectly tracing the behaviour of
astronomical objects: - whether the presence of lightning on
Jupiter, or the physical structure inside distant stars.”

Crawford [19] argues that sound is an effective means
of illustrating certain aspects of astronomy, in particular
radio signals. She also referred to the capability of sound to
transfer significant amounts of energy across vast volumes
of space. During this presentation Professor Crawford plays
numerous examples of “sounds from space” but emphasizes
the fact that hardly any of the sounds played during her
lecture are the actual sounds recorded from space. Some of
the sounds never existed. They are conversions of natural
radio signals, which are part of the -electromagnetic
spectrum, into sound. For example, a recording of radio
transmissions from the sun have to be speeded up 42,000
times from 0.1 Hz to 4.2 KHz in order for them to become
audible.

One aspect of space science that has grown popular
recently is that of planet hunting. There are a myriad of
exoplanetary systems where thousands of planets are being
found, over 5000 found to date and 1800 confirmed as
planets [20], [21]. The model of the solar system alone is
already a rich and vast playground of possibilities and
overwhelming amounts of data. In order to plough through
this vast sea of information an efficient and effective means
of data analysis has to be utilised. The use of sound could
not only facilitate this process and reduce the amount of
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time needed to make these analyses, but also allows the
listener to create mental images [8] and transport users onto
for example, planetary surfaces, nebulae clouds and black
holes.

By building an effective sonification of the solar system
it can act as a prototype for building sonifications for
exosolar planetary systems. The Planetarium model not
only works as an educational tool for people who are not
familiar with astronomy but it also acts as an indication that
if people who are not familiar with the space sciences can
discern what the sonification parameters represent then this
would mean that a sonification designed for astro scientists
using an end user approach may have more positive results.

2. METHOD

2.1. Participants

In order to design the sonification of the planets the user, in
this case a planetarium representative, was involved in the
data gathering process. An interview was conducted with a
trained scientist and teacher.

For the testing of the sonification 11 people from the
general public were interviewed, together with the
representative from the planetarium. For the experiment 9
males and 3 females participated in the experiment with
ages ranging from 24 to 56.

2.2. Materials

The data gathering interview was part multiple choice and
part interview, where further questions were asked about
the parameters addressed through multiple choice. Audio
recordings were made of the interview to be later
transcribed.

The testing of the sonified model took place at various
locations, as no central meeting place could be found, and
to better accommodate the participants’ different schedules.
The participants were sat down amidst four speakers, two in
front and two behind their heads, at close proximity. The
choice of four speakers was determined by the fact that the
planetarium would be using 5.1 surround system where
surround sound would only be working on a flat plain with
no up and down movement. Volume levels were kept
within a safe range below 85dBA SPL (Peak) and were
controlled by the sound designer. The sound designer
triggered and manipulated sound live from a DAW using a
MIDI controller. The participants were given a
questionnaire; the first 4 sections were multiple-choice
questions on which the respondents marked their choices,
whereas the fifth section contained open-ended interview
style questions, which were audio recorded and transcribed.

2.3. Design

Questions for the data-gathering interview were based on
information found on a planetary fact sheet by NASA [22].
The resultant sonified model would be a sonic
representation of 8 planets and their orbital revolutions
around the listener who would be situated in the position of
the Sun.

Other questions were also added to the interview.
Physical properties such as rock, gas, ice, liquid, metal and
fire were included. These elements would be used in order
to distinguish between one planet and another. The model
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would be represented on a 4 channel surround system
working on a flat plane configuration (no up and down
movements) and would be working as an audio visual
presentation.

Questions that related to the mechanics of the model
were also included. The model could be speeded up or
slowed down so that planets that revolve around the sun
either at very slow or at fast speeds could be regulated.
There was also the idea of being able to ‘zoom in and zoom
out’ to a specific planet. This would mean that the planet
would be brought closer to the listener by turning up the
volume and making the timbre much brighter to replicate
the impression that closer objects are louder and clearer
than further objects. Maas@ [23] describes this
phenomenon in relation to the human voice and its relation
to the three acoustic characteristics related to distance i.e.
volume, timbre and reverberation. He referred to how
listening is more precise on a horizontal level but less
accurate at estimating distance. Listeners have difficulties
distinguishing whether a sound is coming from 7 or 8 feet
away but it can easily distinguish between sounds that are 9
inches or 9 feet away. By adjusting the three acoustic
characteristics mentioned it is possible to suggest a sense of
distance.

2.4. Procedure

In Section 1 the planetarium representative was asked to
grade the importance of each parameter. The grading was
based on a five-point scale running from not important (1)
through to very important (5). Parameters that were graded
1 or 2 were left out of the model. These parameters were
Orbital eccentricity, planet surface pressure, the global
magnetic field of a planet, perihelion and aphelion and
rings of a planet. An exception was made in relation to
Saturn’s rings that are the planets most distinct
characteristic. Planetary rings had not qualified as an
inclusive parameter. Section 2 clarified which of the
parameters graded at score 3 were actually important to the
planetarium since the questions delved into more detail.
Parameters that scored 4 or 5 were to be included. Some of
the parameters that were given importance for the model
were not direct parameters that could be sonically
represented that easily. For example, diameter could not be
directly represented as a sonification parameter. It would
have to be represented as the size of the planet in the sound
design through pitch. A total of 17 questions out of the 19
attributes mentioned in the NASA planetary fact sheet were
included in this section. Five parameters were excluded
from the final model and 12 parameters were included.

In the case of the testing of the model participants had
to answer a number of multiple choice questions which
were designed in order to identify whether users were able
to discern what the sonification was representing and to
grade accordingly. They were not told which planets they
would be listening to. In Section 1 part i participants were
asked about the planet Mercury, Section 1 part ii Venus,
Section 2 Earth and Mars combined and Section 3 Jupiter,
Saturn, Uranus and Neptune combined.

Page 30



The 22" International Conference on Auditory Display (ICAD-2016)

2.5. Development of Model

2.5.1. Parameter Mapping

Pitch was used to reflect the size of the planets. The scale
ran between the notes C4 for Mercury (the smallest planet)
and C2 Jupiter (the largest planet) the other planets were
designated as follows: - Venus B3, Earth G3, Mars A3,
Saturn D2, Uranus E2 and Neptune F2.

Sound design elements were used to represent
atmospheric conditions, temperatures, air pressure, climate
conditions etc. of each planet [24] [25]. Virtual synthesizers
were used to create the sounds in the sound design process,
which gave more flexibility than samples.

Each planet was also assigned with a low pass filter on
each channel of the DAW that could be controlled
manually during the experiment by using a MIDI controller
allowing parameters such as cut off on the low pass filter to
be altered live. This allowed the timbre to be manipulated
during testing. Volume control was also controlled
manually. The reason for not automating these parameters
was so that the sound designer could create the zoom effect
during the experiment.

Rhythm was linked to pulses representing the radio
waves that are emitted by the planets. Tempo was related to
the ability to speed up and slow down the model. This was
not given importance by the representative of the
planetarium. By speeding or slowing down the tempo one
can hear faster planets more clearly and understand their
orbits with more appreciation. A case in point is Mercury
which only takes 88 days to orbit the Sun. On the other
hand, at normal speed the very slow planets such as
Neptune only get to revolve once around the surround
sound system and therefore had to be speeded up so that the
listener could hear the orbit of Neptune a couple of times
around the sun. It takes Neptune approximately 165 years
to orbit the sun once [24]. A visual model working on the
same principle can be found at solarsystemscope.com [26].

A scale was created in order to represent the different
speeds and celestial movements of the planets’ orbits.
When one observes various visual representations of the
solar system it becomes evident that these representations
are not according to scale. The number of orbits for each
planet was worked out over 3 minutes running at a tempo
of 5.33 seconds in a measure. Within the 3 minutes all 8
planets of the solar system would have at least looped
around the sun once. Neptune the furthest of the planets
only makes one revolution within this scale but this
represents how slow Neptune actually is. In 2011 the planet
completed one orbit since the date of its discovery [27].
Table 2 indicates how much time it takes each planet in
order to make one revolution around the sun, and how these
data have been sonified.
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Table 2: Temporal Scale of planetary orbits [28]

Sonified time in Actual orbits in

Planet minutes Earth days/ months/
years
Mercury 0.075 88 days
Venus 0.10 224.7 days
Earth 0.15 365 days
Mars 0.22 1 Year 11 months
Jupiter 0.43 11.9 Years
Saturn 1.05 29.7 Years
Uranus 1.53 84.3 Years
Neptune 2.55 164.8 Years

The orbit was replicated by a surround panner which sent
the sound through four outputs of a soundcard and was
transmitted through a quadraphonic configuration. Every
planet was automated so that it would move through the
surround in accordance to the planet’s speed.

The actual sonifications of each planet and of the solar
system can be heard [29]: -

3. RESULTS

3.1. Results from the Data Gathering Interview

The parameters density, diameter of the planet, gravity,
length of day of a planet, orbital period, mean temperature
of the planet’s surface and orbital velocity were given most
importance by the planetarium representative (PR).

The parameters Mass of a planetary body, Distance
from the Sun, Ability to zoom in and out on a planet,
Atmospheric Characteristics were given less importance by
PR but would still be included in the model.

Orbital eccentricity, planetary surface pressure, ring
system, global magnetic field and Perihelion and Aphelion
were to be excluded from the model.

There were 20 questions in section 2 and the replies
were related to Timbre: - Closer planets are clearer than
more distant ones (proximity), Rhythm/ Duration: -
Would represent the radio wave pulse emissions from
planets, Tempo: - Variable speed of the planetary
movements by altering the BPM in the DAW, Pitch: -
Smaller planets are higher in pitch than larger planets,
Loudness: - Closer planets are louder than more distant
ones (proximity), Reverberation: - Would represent
distance.

3.2. Results from Testing the Sonification Model

3.2.1. Interpretation of the characteristics of Mercury

The first planet that the participants were asked to discern
was information about the planet Mercury. The sonification
of this planet was quite successful and participants were
able to discern many of the planets characteristics. It is
important to note that the listeners had no prior reference or
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baseline to which they could associate to or compare and
they were not told which planet or planets they would be
listening to throughout the experiment. Considering this
factor participants were still able to discern the planets size,
gravitational influence and atmosphere successfully. The
planet was deemed by P2, P4, PS5, P6, P7 and P8 as being of
an average size and not a large one. P2, P6, P7, P8 and P9
discerned the gravitational pull as being of average
strength. Almost all the participants except for P2 were able
to discern Mercury’s Magneto Sphere as one the planets
main attributes and participants P1, PS5, P6, P9, P10 and
P11 were able to determine a lack of atmosphere or
atmospheric conditions which is a precise discernment
considering that Mercury does not have an atmosphere but
instead has something called an exosphere made up of
atoms which are blasted off its surface by solar radiation
[27].

3.2.2. Interpretation of the characteristics of Venus

Venus was poorly represented sonically as a planet and
listeners were not able to discern that many characteristics
successfully. The only parameters that the participants were
able to discern correctly was the strength of Venus’s
gravitational pull. P1, P2, P3, P4, P9 and P11 could also
successfully discern that Venus was a larger planet than
Mercury and that Venus is close to the sun (P3, P4, P5, P6,
P9, P10, and P11). Participants scored poorly with regards
to the planets type were Venus was designated as an Icy
planet of cold temperatures and of mild atmospheric
conditions (P1, P3, P4, PS5, P6, P7, P§, P11 and PR). The
sound design for a fiery planet like Venus was suggested by
PR and was described as a ‘chime-like popping’ sound. It
was probably the metallic properties of the sound that gave
the impression of Venus being a cold icy planet. PR had
also felt that the planet was of an average temperature like
many of the other participants. This gives a further
indication that the sound design for this planet is ineffective
and has to be revised.

3.2.3. Interpretation of the characteristics of Earth &

Mars

The overall discernment between the two planets of Earth
and Mars was fairly successful although there were slight
problems with the sound design of Mars that had a negative
effect on the results with regards to parameters concerning
the planets’ size. Participants P1, P3, P5, P7, P8, P10 and
PR could successfully determine that both planets were
close to each other and that there were slight differences in
size between the two planets (P4, P6, P7 and P9). The only
problem was that participants P1, P2, P3, P6, P7, P8, P9
and P11 mistakenly deemed Mars as being bigger than the
Earth. With regards to characteristics P1, P4, P5, P6, P7, P9
and PR were able to determine that Earth had rocky and
liquid characteristics but were unable to successfully
discern Mars as being a Rocky planet except for PR who
was the only candidate to designate Mars as being a rocky
planet. The sound design of Mars gave the impression of
being a larger and colder planet with ice qualities due to the
horn like qualities that were used for the sound design. The
metallic quality of the sound gave the impression of
coldness and the depth of the sound gave the wrong
impression of largeness. The sound design for the planet
Mars would have to be revised.
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3.2.4. Interpretation of the characteristics of Jupiter,

Saturn, Uranus & Neptune

In this section participants were asked to listen to the four
planets of Jupiter, Saturn Uranus and Neptune
simultaneously. The planets were introduced to the listeners
one by one and then left to play at the same time for
approximately three minutes. The results of this section
were quite successful. This part of the listening experiment
clearly indicated that P1, P2, P3, P5, P7, P§, P10, P11 and
PR were able to hear different characteristics
simultaneously and to be able to discern differences
between the planets and recognize various characteristics
from each planet. P1, P2, P3, P4, P5, P6, P10 and P11
found the experience of listening to four planets at the same
time to be immersive. P2, P3, P5, P7, P8, P10, P11 and PR
were able to distinguish the orbits of each planet clearly.
Table 3 indicates the answers that participants gave for
questions 4, 5 and 6 where for example in question 4
participants were asked to indicate how many planets they
thoughts were either rock, ice, liquid, gas or fiery by
writing down a number which would range from 1 to 4. In
Question 5 the listeners had to distinguish how many
planets’ were small, medium or large in size and in
question 6 the participants had to work out the orbit speeds
of the four planets by stating how many planets were
orbiting at a fast, average or slow rate.

Table 3: Question 4 -6 Reported instances of parameters
when comparing four planets

~|l || F|wvw|o| ]|l a2 D &
Parameter [0y -Vl - -V (- -Vl DN vl -0 -l -wll -
Rock 12111 |2]1]1]1]]1
Ice 11 1 1 11111
4 | Liquid 1 1211 ]1]1 1
Gas 1[1]2 1 111 1 2
Fire 1 111 112
Small 1(1]2]1 211 1]12
5| Medium 2010 (2211 ]2[1]1]2]1]2
Large 21211 213 211|112
Fast L1 (1 ]1]1]1 1{1[1]2]2
6 | Average 212 (2122|221 ]2]2]1
Slow 111|111 ]2]2 112

3.2.5. General interpretation of all eight planets playing

simultaneously

In this last part of the listening experiment the participants
were asked to listen to all eight planets at the same time.
The sound of each planet was triggered at the same time
and was left to play for approximately three and a half
minutes. In this section participants were asked more
general questions related to main aesthetics. P2, P3, P4, PS5,
P8, P10, P11 and PR found that the soundscape was
immersive and P1, P6 and P9 found that the sonification
had a musical quality to it. P1, P3, P4, P5, P6, P9, P11 and
PR found it to be harmonious and P2 and P8 found it
familiar. There was only one participant, P7 that found the
soundscape to be confusing. The listeners were then asked
to determine whether or not they could follow differences
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in orbit speeds, planet size, proximity and climate. Table 4
indicates the scores for these parameters. From the table the
parameter climate is the least one that listeners were able to
distinguish due to all the different sounds that were
happening at once. Proximity was the characteristic mostly
discerned by the listeners where they were able to perceive
planets that were closer and others that were further away.
Finally the participants were asked to classify the quality of
the sound design ranging from poor to good. Most of the
participants found the sound design to be good. P7 and P10
found it to be fair while P9 graded it as not bad.

Table 4: Parameters that listeners were able to distinguish
clearly

—|l ol o] | w0l ||| S
Parameter Al A A A AR A A A | A
Orbit o | o o | o | e .
Size A N o |
Speed O P I I I .
Proximity | , | . |. N A I I B .
Climate . . . o | e

3.2.6. The Interview

In question 1 participants were asked the reason for the
rating they had given the model in section 4. The
participants generally commented that they found the
model to be immersive, it gave a good idea of spatiality,
that the sounds of the planets were distinct but at the same
time there was a balance between them, and that the sounds
evoked images of planets and planetary landscapes.

In the second question the participants were asked to
elaborate upon what they liked about the model. In general
participants liked the distinction between the planets, and
the amount and quality of the detail that were portrayed by
the sounds. PR was impressed by the way that proximity
was presented and how through immersion one felt that
something was coming closer or moving away.

In question 3 participants were asked what they disliked
about the model. There were certain resonances from one
particular planet that did disturb some of the participants,
P6 and P7 were particularly bothered by this. PR said that
there were times when it got confusing. Rather than being
an element of dislike it was more a matter of losing focus
and not being able to discern the detail anymore.

Question four asked the participants how they would
create their own sound design of the solar system. Many of
the participants felt that they were unable to answer this
question due to a lack of knowledge regarding the subject
of sound design. Other participants such as P3, P4, P6, P7,
P10 and P11 picked up on points relating to using the size
and representing the dimensionality by using pitch or using
smaller sounds for smaller planets and larger sounds for
larger planets. PR replied the following:

“... I think you got it quite right according to my ideas
and tastes...”

Question 5 asked participants whether they thought the
sound design was an effective tool for representing data and
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question 6 asked whether sound design could enhance
visual presentation of planets and whether the participants
would use sound to represent the planets. All the
participants including the PR agreed that sonification was
an effective tool for representing data in one way or another
and all felt that that sound would enhance the visual
experience.

Only P10 disagreed that sound could be used as a
scientific tool due to its subjective nature. P10 did agree
that sound enhances the visual and could be used
effectively to that extent. P8 and P11 felt that sonification
helps to make scientific data accessible to the layman. This
was a valid point especially when considered in the case of
a planetarium where the users will not necessarily be
knowledgeable about the planets. P3 made an interesting
comment by stating that sound is a language that can be
taught. Once sound has semantic value then discernment of
data can be comprehended more easily by the listener and
can be relayed to other listeners more effectively. PS5, P9,
P10 and PR found that sound acts as an effective memory
tag and would also enhance visual memory much more.
The general feeling was that sonification creates immersion
that allows the listener to be drawn into the data and to
share a more intuitive response to it.

4. DISCUSSION

4.1. The Subjectivity of Sound

In reference to Hegarty [30] where an isolated sound is
important to guide the listener. If the listener is unable to
create the suitable mental image through the sonification
then it is ineffective.

Should sonification follow strict parameters where
certain sounds always represent certain characteristics?
This reminds us of Hermann’s [31] comments that there
were no specific guidelines determining how sonification is
made. This remains to be a question of ‘for and against’ in
the auditory display community. Let us take for example
the high pitched and timbre sounds that seemed to evoke
feelings of coldness in the participants of this experiment.
There is an apparent trend in relation to sounds of this
nature and the images they evoke in the listener. If further
testing does indicate that the majority of participant’s
related high frequency sounds to a feeling of coldness, then
this could become a standardised representation of this
sensation. This makes the sonification reproducible, that the
system can be used with different data and in repetition
with the same data Hermann [31].

Although sound is subjective and everyone experiences
it in their own way, there are common elements that work
collectively [32]. There are various examples from the
results that show common elements that the participants
were able to discern. Idhe [33] emphasizes that the listener
should be aware that one’s beliefs will determine ones
perspective of the sound and that the listener should listen
to the sound itself. The beginning of the test might have
induced a form of listening that searched for association
since the null existence of one automatically caused the
listeners to create an internal marking scale that they could
relate to in order to be able to perceive the first planets that
they listened to. As the test proceeded participants became
more confident in their listening abilities. P10 had stated
that the subjectivity of sound would not allow it to be an
efficient scientific tool, but sound is measurable and it is
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mathematical making it an efficient tool for representing
numerical data.

4.2. Human Hearing vs.
Sonification

Parameter = Mapping

The parameters of hearing given by Levitin [10] and the
sonification parameters mentioned by Dubus and Bresin [3]
in relation to hearing are loudness, pitch, contour, rhythm,
tempo, timbre and reverberation and the sonification
mappings in relation to these parameters are compared.
Participants could discern particular parameters because
these sounds were mapped in accordance with the way in
which human hearing works. In the case of proximity
participants scored high. When the planets were played
individually they were brought closer or taken further away
from the listener by reducing the timbre and amplitude.

In the case of rhythm, listeners were able to relate to the
orbits of the planets and to distinguish between the different
speeds that the different orbits were moving at in
comparison to each other rather than in comparison to the
sun. Elements of reverberation were not emphasized in the
testing and participants were not asked about it in the
questionnaire.

Contour would be related to the participant’s ability to
hear the model as a whole. Eight participants, including the
planetarium representative, heard the model as harmonious
and two others heard it to be familiar. These participants
were able to hear the overall impression created by the
sound of all eight planets playing and to take it in as one
whole composition.

Pitch was calculated by participants in relation to each
other. This meant that one planet always had to act as the
baseline for the others to be compared to. When planets
were played individually it was difficult to guess the size,
especially in the case of the very first planet where there
was nothing to compare it to.

Regarding the human hearing vs. parameter mapping of
sonification when considering the positive results from the
test and especially since the participants had no visual aid,
guidance or even a comparative baseline then it can be
concluded that the parameter mapping was successful.

4.3. The End User Approach

In this research and in research carried out by Diaz Merced
et al. [14] no sonifications have been found that have been
tested with the end user in the field of Space sciences. Diaz
Merced et al. [14] have been designing the sonification
software xSonify over the years and the final improvements
made to the program have been made by involving the end
user in the process.

There is one common aim in both studies that is clearly
defined in the Diaz Merced et al. [14] report. The
sonification must act as a common platform where blind
and sighted people can be aware of the same events through
the sonification and will be able to share the similar
knowledge of what they have achieved through the
sonification process.

One difference noted between the studies is that in the
Merced et al. [14] report there is no mention of any spatial
representation of the sonified data. Only volume, pitch and
timbre have been mentioned as the parameters within which
the sonification is made. The planetarium model gave
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importance to the spatial element. The spatial element helps
to create immersion as was seen in the experiment carried
out by Turner et al. [34] where a sense of a place was
simulated in another place successfully. This is the level of
immersion that can be achieved by using a surround
configuration and also allows parameters to be mapped out
more easily. For space data exploration this could be
essential as multiple layers of data can be distributed in
ways that make the data easier to listen to. Sterne [4] states
that hearing immerses its subjects, it also places the listener
inside an event and vision gives perspective.

5. CONCLUSION

It is interesting to note that this listening experiment was
conducted on an audience of non-scientific people whose
knowledge of astronomy is limited and yet they were able
to discern a lot of detail from the model. The people were
not involved in the sound design process itself. It is also not
known how much knowledge the participants actually had
with regards to the solar system. The planetary
representative was able to determine characteristics more
precisely because he was more knowledgeable about the
subject and because he was involved in the sound design
process too. If the lay person was able to determine so
many details of the sound design without any prior
guidance or knowledge of what they were listening to then
this reflects that sonification is an effective means of
representing data. With a couple of adjustments that would
have to be made in order to address the problems with
certain aspects of the sound design with regards to Venus
and Mars then the Solar System model could then act as a
comparative model for exosolar planetary systems. This is
the same approach that is usually employed by scientists by
comparing exosolar systems to our solar system in order to
determine how these planetary systems work. If the
sonification of a planetary system could be conducted with
Astro scientists as the end user and where the sonification is
specifically designed and mapped out according to their
needs then they may be able to determine much more from
such a sonification model and to be able to use it efficiently
as a scientific tool. If the sonification is used with a visual
component then the effectiveness of any solar planetary
model will be enhanced.

As future work there are improvements that need to be
made with regards to the sound design of certain planets.
Once the sound design has been arranged testing can start
again and a fresh batch of participants can be chosen in
order to widen the sample to see what works and what does
not and a more consistent sonified model of the solar
system can be built and can also find use outside the
planetarium market. The model of the solar system can act
as a guideline or basis so that further sonifications for exo-
solar planetary systems can be built and can also be used as
a comparative model against exo-solar systems. The work
on exo-solar planetary systems will be aimed at Astro
scientists that work in the field of exo-solar planetary
science. The sonification can be used as a scientific tool
which the scientists can use in order to analyse large
portions of data and to find similar patterns or differences
between the different systems.
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ABSTRACT

The following paper introduces a new Layer Based Amplitude
Panning algorithm and supporting D* library of rapid prototyping
tools for the 3D time-based data representation using sound. The
algorithm is designed to scale and support a broad array of configu-
rations, with particular focus on High Density Loudspeaker Arrays
(HDLAs). The supporting rapid prototyping tools are designed
to leverage oculocentric strategies to importing, editing, and ren-
dering data, offering an array of innovative approaches to spatial
data editing and representation through the use of sound in HDLA
scenarios. The ensuing D* ecosystem aims to address the short-
comings of existing approaches to spatial aural representation of
data, offers unique opportunities for furthering research in the spa-
tial data audification and sonification, as well as transportable and
scalable spatial media creation and production.

1. INTRODUCTION

In todays rich data driven society strategies for optimal data expe-
rience and comprehension are more important than ever. Humans
are biologically predisposed to experiencing rich environmental
data multimodally [1], warranting research into individual modali-
ties’ potential in promoting data comprehension and interpretation
delivered through technology. Such research serves as the founda-
tion for their combined utilization to broaden cognitive bandwidth
and clarity [2]. In this respect, visual data exploration or visual-
ization has arguably seen greatest progress. This may be in part
because of human predisposition to visual stimuli, as well as be-
cause visualizations have had a rich history [3] that both predates
and inspires todays technology-centric approaches.

Audification and sonification [4] are relatively new but
nonetheless thriving research areas. In particular, they offer a di-
verse array of complementing and competing approaches to spatial
aural representation of data. With auditory spatial awareness cov-
ering practically all directions [5], it is a dimension that exceeds
the perceivable spatial range of the visual domain. Apart from the
simple amplitude panning [6], audio spatialization approaches in-
clude Ambisonics [7], Binaural [8], Depth Based Amplitude Pan-
ning (DBAP) [9], Vector Based Amplitude Panning (VBAP) [10],
and Wave Field Synthesis (WES) [11]. The following paper fo-
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cuses primarily on spatialization strategies that are reproducible in
physical environments and offer physical affordances with mini-
mal amount of idiosyncrasies, such as the vantage point, without
requiring additional technological support, e.g. a motion track-
ing system. For this reason, due to its specific context that does
not meet the aforesaid criteria the paper excludes the Binaural ap-
proach from the discussion below.

2. CATALYST

This project was inspired primarily by the newfound space whose
hybrid HDLA implementation exposed new audio spatialization
research opportunities and challenges. Virginia Tech Institute for
Creativity, Arts, and Technology’s (ICAT) Cube is an innovative
space with a hybrid audio infrastructure capable of supporting all
of the aforesaid approaches to spatializing sound, with particular
focus on WES, Ambisonics, and VBAP (Fig.1). It is a 50x40x32-
foot (WxLxH) blackbox space with catwalks and mesh ceiling
whose audio infrastructure is centered around the idea of discov-
ery and experimentation, including audification and sonification.
ICAT’s Cube offers a unique hybrid 148-channel audio system de-
signed in collaboration with ARUP Acoustics inc. In order to ac-
commodate the various spatialization algorithms, it consists of a
124.4 homogeneous loudspeaker array offering several horizon-
tal layers of varying density: a high density ear-level equidistant
64-channel array and additional three loudspeaker layers with 20
channels each, including a 20-channel ceiling raster. The 124-
channel system is complemented by 4 symmetrically positioned
subs centered on each side of the first level catwalk. The system
also offers an additional 17-inch sub focusing primarily on sub-
50Hz frequencies. It can be further complemented by 10 mobile
floor-level loudspeakers. Cube also offers nine ceiling-mounted
ultrasonic audio spotlights, including four mounted onto a motor-
ized, remotely-controlled arm.

In a space designed for transdisciplinary research that needs
to be capable of near seamlessly transitioning from one spatial-
ization technique to another and/or concurrently employing multi-
ple approaches, such an implementation is not without a compro-
mise. Cube’s WES relies on a proprietary Sonic Emotion Wave
1 system [12] that enables its implementation using sparser loud-
speaker configuration. Ambisonics require careful calibration due
to cuboid shape of the loudspeaker configuration [10]. Finally,
VBAP due to algorithm’s inability to handle irregular densities,
particularly the ear-level layer, utilizes only select ear-level and
ceiling loudspeakers, therefore relying more on the virtual sound
positioning than what a localized amplitude panning system may
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Figure 1: Virginia Tech ICAT Cube.

ostensibly require (Fig.3). Furthermore, each of the aforesaid con-
figurations provides limited transportability among various spaces,
including 900 square foot ICAT Perform Studio’s 2-layer 24.4
Genelec system, and the the Digital Interactive Sound & Inter-
media Studio (DISIS) classroom offering 8.2 single-layer Gen-
elec system. Apart from the WES plane wave [11] and VBAP’s
source spread (a.k.a. MDAP) [13] that manifests itself in a form
of a regular circle-like shape around the source’s center, none of
the spatialization approaches offer an easy and controlled way of
projecting sounds through multiple physical sources, particularly
when it comes to irregular shapes. Likewise, none of the currently
available technologies provide the aforesaid features in a way that
can easily scale among varying loudspeaker configurations while
utilizing all of the available physical sources and their superior lo-
calization over that of virtual ones [14].

Based on the observations attained through the newfound Vir-
ginia Tech signature audio research space, several inconsistencies
have emerged that limit broader applicability of the preexisting
approaches to audio spatialization with particular focus on audifi-
cation and sonification scenarios (listed in no particular order):

1. Support for irregular High Density Loudspeaker Arrays
(HDLAs);

2. Focus on the ground truth with minimal amount of idiosyn-
crasies;

3. Leverage vantage point to promote data comprehension;
4. Optimized, lean, scalable, and accessible, and

5. Ease of use through supporting rapid-prototyping time-
based tools.

Recent Computer Music Journal solicitation [15] has defined
HDLAs as “systems addressing 24 or more independent loud-
speaker”. In this paper HDLASs are further defined as loudspeaker
configurations capable of rendering 3D sound without having to
rely solely on virtual sources or post-processing techniques.

2.1. Support for flexible loudspeaker layouts

While most of the aforesaid spatialization algorithms are HDLA
and therefore 3D capable, most implementations favor certain
loudspeaker configurations, e.g. tightly spaced loudspeakers in
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WES or triangular loudspeaker placement in VBAP and High-
Order Ambisonics [16]. DBAP is configuration-agnostic, but also
requires additional features, such as spatial blur, designed to min-
imize problems of spatial coloration and spread typical of both
VBAP an DBAP [9]. Recent research further suggests for some of
these approaches there may be ways to utilize less common config-
urations (e.g. Blue Ripple Sound’s Rapture3D for irregular loud-
speaker arrangements using HOA [17] or the proprietary Sonic
Emotion systems that allow for sparse WES arrays [12]). Due to
their proprietary nature, currently the limits of these solutions is
not known, nor how well and/or how reliably they may be able
to scale and/or accommodate systems whose irregularity signifi-
cantly deviates from the prescribed configuration (e.g. sparse vs.
irregular loudspeaker distribution in WES), particularly in HDLA
environments. VBAP solution, like the one implemented in the
Virginia Tech’s Cube utilizes only some of the loudspeakers in or-
der to attain the desired triangular organization among the loud-
speakers, leaving a number of physical sources unused (Fig.3).
Given the physical sources’ superior audio spatialization poten-
tial over the virtual ones, such a solution was found incapable of
harnessing the full potential of CUBE’s audio system.

2.2. Ground Truth with Minimal Amount of Idiosyncrasies

Each of the aforesaid spatialization approaches is encumbered by
unique idiosyncrasies that limit the ease of their applicability in
a broad range of scenarios. These idioscyncrasies can be seen as
a detriment towards developing generalizable sonification strate-
gies in part because they can also cloud the prospect of identifying
the ground truth. The most obvious one is the aforesaid sensi-
tivity of various approaches to loudspeaker configurations. Sim-
ilarly, positioning a virtual (e.g. Ambisonics [7] and specialized
cases in WFS [18]), and physical sound sources (e.g. 4DSound
[19]) inside the listening area offers great promise. Yet, their re-
spective idiosyncrasies, such as the sweet spot (e.g. WES alias-
ing, and lower order Ambisonics), custom and ostensibly intru-
sive hardware (4DSound), and the computational complexity (e.g.
Ambisoncs) that currently lacks out-of-box solutions, particularly
when associated with non-standard loudspeaker layouts, limits
their universal applicability. Similarly, WEFS’s ability to place
sounds outside the listening space may allow for more uniform
perception of the sound source, yet doing so will also limit the
power of the vantage point that may help in clarifying source’s lo-
cation and its relationship to other adjacent sources depending on
listener’s location. Lastly, DBAP introduces spatial blur to com-
pensate for potential spatial coloration and spread inconsistencies.

2.3. Leveraging Vantage Point

In this paper the author posits for a system to provide optimal lis-
tening environment, it needs to mimic affordances of our every-
day lives as long as its implementation does not exacerbate one of
the observed limitations. Vantage point is one such affordance that
enables listeners to perceive both the rendered aural data within
the context of their immediate environment, as well as perceive
rendered data communally in a location-specific fashion. Unlike
virtual sources within the listening area that also introduce limit-
ing idiosyncrasies, vantage point is essentially intrinsic to simpler
amplitude-based algorithms. This allows for a closer study of a
particular angle, or even positioning oneself closer to the loud-
speaker perimeter to elevate perceived amplitude of a source or
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texture of interest, something that may prove particularly useful in
data audification and sonification.

The vantage point limitation brings out another important con-
sideration in pursuing a more universal and transportable approach
to spatializing sound—loudspeaker perimeter based spatialization.
Instead of relying on idiosyncratic sound processing that enables
rendering of virtual sources within and outside the loudspeaker
perimeter, the spatialization should ideally focus on the perimeter-
centric rendition, an approach that offers relatively straightforward
mapping of multidimensional data onto the loudspeaker perimeter,
reinforces the vantage point, and makes it considerably easier to
reproduce in varied and flexible HDLA scenarios.

2.4. Optimized, Lean, Scalable, and Accessible

Ideally, a system should be lean—it should rely on the preexisting
tool frameworks where possible, ensuring that at its very core it
is simple and maintainable with minimal redundancies. This is
certainly the case with some of the implementations that are typ-
ically embedded in digital signal processing languages, including
Max [20], Pure-Data [21], and Supercollider [22], or provided as
plugins (e.g. VST, LV2 plugins, or Audio Units). Such implemen-
tations can leverage the vast resources of those toolkits to further
enhance their functionality and flexibility.

In terms of rendering spatial data using sound, one of the ad-
ditional considerations is system’s responsiveness and how that
responsiveness scales from conventional stereophonic to HDLA
scenarios. Ideally, such a system should be capable of rendering a
scene in real-time and under low-latency conditions. While low-
latency operation is not necessarily critical in controlled tests, its
absence may limit system’s applicability and broader appeal, both
of which are essential for wider adoption and potential standard-
ization across multiple sites and contexts.

Although all of the aforesaid systems offer real-time and low-
latency performance, some (e.g. WES and HOA) require careful
space- and loudspeaker-layout-specific calibration that may not be
easily accessible out-of-box. In particular, when considering sys-
tems with cutting-edge features (e.g. Wave 1), their proprietary
nature may render them as prohibitively expensive black box im-
plementations with more complex HDLA configurations requiring
special design and licensing. This can also be seen as a potential
factor in limiting the access to such solutions and consequently
their transportability.

2.5. Rapid-Prototyping Tools

If implemented well, rapid prototyping tools have a unique abil-
ity to go well beyond representing loudspeaker positions and their
respective amplitudes. By interfacing with multidimensional data
sources, such tools have the potential to lead to cross-pollination
of generalizable standards across various modalities and by do-
ing so serve as a scaffolding in domains whose standards are yet
to be solidified. For instance, being able to interact with visual
representation of audio spatialization may lead towards leverag-
ing standards and techniques associated with visual drawing and
painting and using those to guide the development of correspond-
ing methodologies in the spatial aural domain.

Sound is a time-based modality and for this reason, rapid pro-
totyping tools should go beyond providing the ability to position
a sound source. They could also include a way of altering their
location over time, as well as visualizing the outcomes of such
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a change. With the exception of Sonic Emotion’s Wave 1 [12],
4DSound [19], D-Mitri system [23], VBAP-based Zirkonium [24],
and recently introduced Sound Particles [25], HDLA spatializa-
tion systems are devoid of any time-based data that can be easily
synced with other time-based content (e.g. video or an abstract
data feed), typically requiring users to create their own middleware
to drive such systems in real-time and/or render their audio feeds
into a multichannel audio file. While offering ability to visualize
loudspeaker configuration, it is currently unclear if DBAP offers
any rapid prototyping tools. Similarly, it remains unclear whether
Sound Particles is capable of rendering real-time low-latency au-
dio nor what is its CPU overhead in doing so.

‘Within the context of audification and sonification, none of the
existing off-the-shelf systems offer easy interfacing with multidi-
mensional data sets and their translation into a spatialized sound.

2.6. Other Considerations

Based on the observed limitations, the author of this paper posits
that the ideal platform for pursuing a generalizable approach to
spatial data representation using sound should mimic as closely
as possible real-world environmental conditions our multisensory
mechanisms are accustomed to experiencing, leveraging, and in-
terpreting. More so, it should do so with minimal technological
complexity and idiosyncratic limitations. Such a system is more
likely to integrate and cross-pollinate with other modalities and in
return leverage their preexisting body of research to identify opti-
mal mapping strategies. Furthermore, the author argues that such
cross-pollination in particular between visual and aural may offer a
useful scaffolding to sonification theory based on the existing body
of research in the visual domain. In a pursuit of such a solution the
technology presented in this paper focuses primarily on data sets
with up to four dimensions.

3. INTRODUCING D*

D* is a new Max [20] spatialization library that aims to address the
aforesaid limitations by:

1. Introducing a new lean, transportable, and scalable au-
dio spatialization algorithm capable of scaling from mono-
phonic to HLDA environments, with particular focus on ad-
vanced spatial manipulations of sound in audification and
sonification scenarios, and

2. Providing a collection of supporting rapid prototyping time-
based tools that leverage the newfound audio spatialization
algorithm and enable users to efficiently design and deploy
complex spatial audio images.

Below we will focus primarily on the spatialization algorithm
that in part builds on author’s prior research [26] and its newfound
affordances that have a potential to serve as a foundation for the
further exploration of the auditory display paradigm.

3.1. D*s Algorithm

At the very core, D* is driven by the newly proposed Layer
Based Amplitude Panning (LBAP) algorithm. LBAP is rooted in
a straightforward sinusoidal amplitude panning algorithm which
amounts to:

Lamp = COS(Ldistance * 7‘_/2)7 (€Y
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Ramp = Sin(Ldistance * 71'/2), (2)

L and R variables stand for left and right channels spatially
oriented from listener’s perspective in clockwise fashion, respec-
tively. Luisiance 1S @ normalized value between 0 and 1 and where
the ensuing amplitude value between 0 and 1 is used to modulate
the outgoing audio signal for both L and R channels.

In 2D arrays of varying densities, e.g. horizontal ear-level ar-
rays, the math for manipulation between loudspeakers remains es-
sentially the same, with the only addition being the awareness of
the loudspeaker and source positions in horizontal space expressed
as an angle (0-360 degrees). By a simple calculation, one can ei-
ther identify perfect physical source (a loudspeaker) or two adja-
cent loudspeakers and using the aforesaid function calculate the
amplitude ratios between the two. What makes this approach par-
ticularly convenient is its ability to utilize irregular densities across
the perimeter with the only caveat being decreased angle percep-
tion resolution in areas that may be sparser in terms of loudspeaker
spacing and therefore more reliant on virtual sources (Fig.2).

o
° DENSER
o

SPARSER

Figure 2: Irregular 2D perimeter loudspeaker array’s localized re-
liance on virtual sources and its inversely proportional relationship
to the array’s immediate density.

When applying the same algorithm in a 3D environment where
there are multiple horizontal layers of loudspeakers positioned
around the perimeter, the aforesaid algorithm is typically super-
seded by VBAP [27] and more recently DBAP [9]. Where VBAP
begins to fall apart is when horizontal loudspeaker layers are pop-
ulated with varying densities and consequently irregular distances
among loudspeakers. This is certainly the case with the ICAT
Cube where the upper levels host only 20 loudspeakers as opposed
to 64 loudspeakers at ear level and where such a configuration
make sense given human decreased spatial perception accuracy of
elevated sound sources. This, however, is not the only scenario.
Similar limitations can theoretically also occur in spaces whose ar-
chitectural design precludes equal loudspeaker distribution, some-
thing that DBAP aims to address albeit with added complexity
and ensuing idiosyncrasies. For instance, there may be acoustic
considerations, structural beams, pillars, walls, and other physical
structures that prevent loudspeaker placement. When employing
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VBAP, such setups fail to provide usable adjacent triangles, as is
the case with ICAT Cube (Fig.3), and while one can skip physi-
cal sources in order to retain triangular configuration, such a so-
lution precludes the use of all physical sources, resulting in a less
than ideal scenario, particularly when considering preferred higher
loudspeaker density at ear level where human perception, depend-
ing on head orientation, offers greatest angular resolution. Another
option is using a hybrid system, so that the secondary spatializa-
tion approach utilizes the higher density layer. This, however, fur-
ther limits system’s transportability and introduces an entirely new
array of idiosyncrasies.

o o u_o

Figure 3: VBAP’s selective use of loudspeakers in irregular lay-
ered loudspeaker configurations.

LBAP aims to address this problem by introducing an ampli-
tude panning variant that relies on the core notion that the entire
perimeter-based audio system is separated into a series of layers
with each layer being assigned shared elevation and each loud-
speaker further identified by its azimuth (Fig.4). In this respect
vertical surfaces with loudspeaker rasters above, as is the case with
the ICAT Cube’s ceiling, and below are treated as a series of con-
centric circles, which is a feature that loosely resembles D-mitri
and MIAP’s grouping. In cases where there are no loudspeakers
below or above, the lowest and highest layers assume any sound
that moves below or above their elevation respectively should be
cross-faded across the layer itself (Fig.5). While this is less than
ideal, it can be easily remedied by adding an additional layer be-
low (should the architecture allow for doing so), while leveraging
existing infrastructure to the best of its ability.

Once the layers are identified, LBAP uses one vertical cross-
section as the elevation reference. Doing so will enable for the
sound to easily traverse individual layers horizontally (as it should)
without having to compensate for vantage point deviations in ele-
vation (e.g. loudspeaker in a far corner will effectively have lower
elevation than one immediately next to the listener that belongs
to the same layer (Fig.6). In cases where sound does not neatly
fall onto one of the physical sources or a single horizontal layer,
LBAP based on source’s elevation first identifies its closest two
layers, the one below and one above where the virtual source is
located. Once the two layers are identified LBAP calculates their
respective amplitude ratios as follows:

Aboveuny = cos(Belowdistance * 7/2), 3)
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ARUP

Figure 4: ICAT Cube’s HDLA split into layers, including the ceil-
ing raster. Space render courtesy of ARUP Inc.
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VIRTUAL SPATIALIZATION
USING THE BOTTOM LAYER

Figure 5: Vertical source rotations in ICAT Cube’s environment
below ear level rely entirely on virtual sources due to lack of phys-
ical layers.

Belowamp = sin(Belowisance * 7/2), )

The layer elevation is expressed in degrees from -90 to 90,
which when combined with azimuth allows for describing all
possible angles. Above refers to the layer above, and Below
to the layer below the source’s position. Belowgisance refers
to the distance in degrees from the lower layer normalized so
that the full distance between the two layers is equal to 1. The
resulting layer amplitudes are calculated using the sinusoidal
amplitude panning approach. The layer amplitude values are
then used to modulate the output amplitude of the neighboring
loudspeakers whose amplitude values have been calculated
based on source’s azimuth using the same sinusoidal approach:

Below layer:
BLump = c0os(BLuistance * 7/2) % cos(Belowamp * 7/2), (5)

BRamp = sin(B Ldisunce * 7/2) % cos(Belowamp * 7/2), (6)
Above layer:

ALump = co$(ALdgistance * 7/2) % cos(Aboveamp * 7/2), (7)
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ARqmp = $in(ALgistance * 7/2) % cos(Aboveamp * 7/2), (8)

Figure 6: In a layered approach, depending on the architecture,
loudspeakers within the same layer may have slight angle anoma-
lies from the perceiver’s vantage point, as is the case here with
angles o and f3.

The ensuing two-step amplitude panning algorithm variant is
effectively loudspeaker density agnostic. One layer can have a
few loudspeakers, while other many. Regardless of the configura-
tion, the algorithm will never utilize more than four loudspeakers
for point sources. It is important to emphasize the layer eleva-
tion that is calculated using vertical cross-section of the space will
undoubtedly deviate for other loudspeakers in the space based on
listener’s position. Given, LBAP treats 3D loudspeaker arrange-
ments as perimeter-based spatial canvas, such deviations are seen
as being within the tolerance range of human perception, as they
effectively mimic limitations of cinematic screens where certain
aspects of the image from an individual vantage point are closer
or farther, resulting in seemingly illogical proportions, yet in our
minds we assemble such an image as a whole by taking into ac-
count their relative relationships. Similarly, in informal listening
tests, LBAP has proven capable of rendering horizontally moving
sounds that were higher than ear-level while still projecting a sense
of horizontal, rather than vertically erratic motion due to vantage
point variances in individual loudspeaker elevation within a partic-
ular layer.

3.1.1. Moving Sources

Once a point audio source is placed in a location, it can be rotated
horizontally using azimuth and vertically using elevation, with the
assumption it always emanates from the perimeter. The special
case for spherically moving sound sources are situations where
due to lack of additional physical layers (e.g. in the case of the
ICAT Cube there are by default no layers lower than the ear level)
the sound may have to be panned across the space, inferring sound
at that point is being panned inside the listening area, rather than
above or below the listener, something the system lacking phys-
ical sources is clearly incapable of rendering convincingly. This,
however, is primarily a hardware limitation and is for the most part
spatialization algorithm agnostic.

3.1.2. Independent Layers

Given sub channels are often treated as a separate group, spatial-
izing sources based on their own layered design, D* allows for
defining layers whose amplitude computation takes into account
each such layer independently. This has proven instrumental in
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its integration into the ICAT Cube which utilizes four subs cen-
tered on each of the four sides of the 1st level catwalk as the first
independent layer and with an additional 17-inch subwoofer that
provides rumbling lows for the entire space from a single source
as the second independent layer. Consequently, the algorithm in-
herently allows for use of a single loudspeaker per layer, resulting
in 100% of the original generated amplitude emanating from that
speaker regardless of the source’s position and/or radius.

3.2. Advanced Sonification Features

Apart from WFS’ plane wave [11] or VBAP’s source spread (a.k.a.
MDAP) [13] that manifests itself in a form of a circle-like shape
around the source’s center projected onto the 3D loudspeaker
perimeter, none of the spatialization approaches offer an easy and
controlled way of projecting sounds through multiple physical
sources, particularly when it comes to irregular shapes. What ar-
guably sets D* apart from other spatialization algorithms is its re-
invisioned approach to growing point sources using Radius, and
the Spatial Mask, as well as a suite of supporting spatialization
tools that leverage these newfound affordances.

3.2.1. Radius

Each point source’s default radius is assumed to be 1°. As it
grows, based on proximity calculated as a linear distance between
source’s location and radius and physical loudspeaker’s position,
it spills over adjacent loudspeakers with its amplitude decreasing
in all directions using the sinusoidal amplitude panning curve. As
a result sounds with a diameter of 180°, cover entire sphere with
the opposite edge being essentially inaudible. At 360° diameter,
the overlap between the outer diameters when coupled together
(and further limited not to exceed maximum allowable amplitude)
amount to 100% of the original amplitude (Fig.7).

M a)r=180°
w
()]
-]
=
—
o
=
<
0
180° 0° 180°
1
L
[m)]
=)
E
-
o
=
<
o|pyr=360
180° 0° 180°

Figure 7: Sinusoidal amplitude curve applied to source radius in
a single dimension. Thick red line denotes relative source’s an-
gle within one dimension. Yellow striped and green dotted lines
denote two radius vectors across the said dimension. Example a)
shows 180° diameter or 90° radius with no overlap, and b) 360°
diameter or 180° radius with overlap.
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3.2.2. Spatialization Mask

D*’s Spatial Mask (SM), akin to that of its visual counterpart con-
siders the entire spherical space to have the default mask of 1. This
means wherever the point source and whatever its radius, it will
populate all the loudspeakers based on the computed amplitude.
The spatial mask, however, can be changed with its default res-
olution down to 0.5° horizontally and 1° vertically, giving each
loudspeaker a unique maximum possible amplitude as a float point
value between 0 and 1. As a result, a moving source’s amplitude
will be limited by its corresponding mask value as it traverses the
ensuing spherical perimeter. This also allows a situation where
a point source with 180° radius or 360° diameter that emanates
throughout all the loudspeakers can now be dynamically modified
to map to any possible mask. When coupled with time-based vi-
sual editing tools, this equates to essentially aural painting [26] in
both 2D and 3D. We will further explore SM and its features as
part of the D* Rapid Prototyping Tools section below.

4. SIDE-STEPPING LIMITATIONS

D*s implementation of the LBAP algorithm is a lean implemen-
tation in that it relies on Max’s framework. Consequently, when
coupled with Max’s battery of digital signal processing objects, it
allows for greater extensibility. For instance, through the use of
a collection of included abstractions, D* library offers access to
an otherwise complex form of movable sound sources, including
angled circular motion, and the ability to control attack and trail
envelope, effectively resulting in the aural equivalent of the mo-
tion blur (MB). D* also offers easy way of interfacing with Max’s
Jitter library [28] that offers vector optimization when calculating
multidimensional matrices, something that has proven particularly
useful when working with the Spatialization Mask.

Informal LBAP an D* tests have shown it is capable of pro-
viding critical low-latency real-time rendering of spatialized audio
sources even in ;100 HDLA and high-audio-stream-count scenar-
ios. This makes it particularly useful in interactive environments.
Its inaugural implementation as part of a Tornado simulation that
premiered in the fall 2014 features 1,011 internal 24-bit 48KHz
audio streams or channels stemming from two dozen concurrent
point sources that are mixed down and outputted through the 124.4
CUBE loudspeaker system in real-time with audio latency of 11ms
(512-byte buffer) between the time an action is initiated and the
sound leaving the computer. D*’s implementation of the LBAP al-
gorithm is designed to scale from monaural to as many loudspeak-
ers as the system (CPU and audio hardware) can support. The
current version offers a growing array of optimizations, including
omission of unnecessary audio streams and bypassing redundant
requests.

D* offers both single- and multi-threaded implementations.
The multithreaded version, however, has offered only marginal im-
provement over its single-threaded counterpart. This is likely due
to the fact that the built-in algorithm’s implementation maximizes
reliance on the built-in Max objects and as such in and of itself
does not bear significant CPU footprint. More so, whatever the
savings in terms of CPU utilization due to distribution across mul-
tiple CPU cores are replaced by the newfound overhead required
to synchronize concurrent audio streams through a high number
of interrupts required by the low-latency setting. Further testing is
warranted to attain a better understanding of the CPU overhead in
single- and multi-threaded scenarios.
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One of the greatest challenges of the HDLA audio content is
its transportability. Fixed media tends to be distributed as pre-
rendered multichannel sound files that are often accompanied by a
simple Max patch or an equivalent tool capable of interfacing with
often unconventional HDLA configurations. The target venue,
however, may not have the same number of loudspeakers, requir-
ing either sound to be re-rendered (assuming the existing system
lends itself to easy reconfiguration), or calling for compromises in
determining which channels need to be omitted or doubled. As an
alternative, a live version may be used where sound sources are
coupled by a system that renders entire piece in real-time, requir-
ing engine that is adaptable and reconfigurable. D* aims to address
transportability by providing a simple one-step reconfiguration
consisting of loudspeaker channels and their respective azimuths
and elevations provided in an ordered (bottom-up, clockwise) lay-
ered approach that instantly updates all instances within the Max
ecosystem and adapts the spatialization algorithm for a newfound
loudspeaker arrangement. With its real-time low-latency scalable
engine D* can also leverage the aforesaid implementation within
the live and interactive aural spatialization of data, as well as artis-
tic contexts.

Figure 8: An instance of D* library’s signal monitor.

With its integration into Max, D* immediately benefits from
the built-in debugging and signal monitoring tools. With the help
of the Jitter library, its spatialization capabilities can be easily
translated into visual domain. The same has enabled D* access
to external control surfaces. For instance, the aforesaid Tornado
simulation offers iPad interface for controlling the simulation from
the Cube’s floor through the use of the Max’s Mira library. In ad-
dition, it offers a visual level monitor built out of a collection of
abstractions that enable users to easily customize and design new
space-specific level monitors. Given the exponential complexity
of signal flow in HDLA scenarios, the entire D* ecosystem is vir-
tual audio bus aware, and offers a collection of visual tools, a.k.a.
monitors specially tailored to harness this feature (Fig.8). By as-
signing a bus name to a particular monitor, it will automatically
switch to monitoring all outputs from that bus, while leaving the
bus name blank will revert to monitoring main outs. Similarly,
the library provides a global main out whose adjustments affect
all its instances. By default, D* comes with monitors for three
Virginia Tech spaces, including DISIS, and ICAT’s Cube and Per-
form studio, and offers easy way of creating new site-specific level
monitors using a collection of abstractions.
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5. D*S RAPID PROTOTYPING TOOLS

D* library also offers a series of rapid prototyping tools. Below
we’ll provide a brief overview of its 2D and 3D editors and means
of importing data sets.

Figure 9: D* library’s 2D mask editor.

2D mask editor (Fig.9) is a two-dimensional representation of
the loudspeaker perimeter unfolded onto a plane with the x axis
covering the full circle and y axis covering 90 degrees above and
below. Apart from the usual representation of angles and a cur-
sor, the visualization also auto-populates various layers, or as is
the case with the ICAT Cube, the 124-speaker array (red dots) and
its complementing 4-sub array (green dots). Jitter is used to allo-
cate area around each loudspeaker up to the half-point between it
and the adjacent loudspeakers. This area is used to calculate loud-
speaker’s overall amplitude based on its average grayscale color,
with the black color denoting silence and white color 100% of the
original amplitude.

To edit sound’s mask, user is provided a customizable cur-
sor that, akin to that of a digital drawing software, can be resized
and its brush altered by varying transparency and saturation. Fur-
thermore, the user can translate the SM both in conjunction with
sound’s rotation or independently of it. The editor also provides
brush mirroring around the texture’s x axis edges to simplify cross-
fading across the visual seam generated by unfolding the mask
onto a finite 2D plane. The ensuing mask can be fed either in
real-time or on demand to the desired sound object. It can be also
stored for time-based use and/or storage we will briefly discuss as
part of the time-based editing features below.

+ 33419

Figure 10: D* library’s 3D mask editor.

3D Mask Editor (Fig.10) is a three-dimensional counterpart
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to the aforesaid 2D version. It allows for the exact same viewing
and editing of the mask albeit from a 3D vantage point within the
space, allowing user to pan the view around. This allows users to
place 2D drawings in the context of the actual 3D space. While
the default visualization provides a space-agnostic cuboid space,
inspired by ICAT Cube’s setup, given Max’s flexibility, its layout
can be easily altered, including importing actual 3D meshes of the
target space. The ensuing drawing is stored in the identical way as
the 2D drawing and the two are mutually interchangeable.

5.1. Time-Based Editing

While Mask Editors provide an easy way of populating sound
sources in a cloud-like configuration throughout the HDLA space,
their full potential is realized by leveraging accompanying time-
based editor. Each of the mask snapshots can be stored as a 4-
dimensional matrix (X, y, color, sequential keyframes). The ma-
trix is accompanied by a coll object data structure which further
contains timing of each keyframe and information on whether the
transition between the current and next keyframe requires inter-
polation or not. In its initial release there is only one linear form
of interpolation available between frames with other forms to be
introduced in a later version based on user feedback. In addition,
SM can be translated across x and y axes (corresponding to az-
imuth and elevation). Such interpolation is processed in parallel
to interpolation (cross-fading) between SM keyframes. This can
effectively serve as a secondary means of simulating cloud (as op-
posed to point) source’s location.

Given the mask editor is fairly CPU intensive, for more
complex real-time rendering saved editor renditions packaged as
matrix-coll data containers can be retrieved and replayed using a
considerably leaner Spatial Mask Player. Doing so enables playing
multiple concurrent instances with minimal CPU overhead.

What makes D*’s approach to spatialization potentially useful
as a platform for auditory displays is its ability to interface with the
vast collections of spatial data and their translation into the 3D au-
ral domain. Transferring visual data can be achieved by exporting
it into an array of grayscale images, using format such as MJPEG,
and importing it as a matrix into the editor. By relying on this fea-
ture alone, one could separate RGB channels into separate layers,
effectively creating an audification engine of a movie footage. D*
editor also allows for synchronization with external clocks using
SMPTE, and can adjust internal pace in respect to the sync.

6. ADVANTAGES

Based on the observed features, LBAP and the D* library offer a
number of advantages over the existing approaches that may be
relevant to the audio display research, as well as the live and pro-
duction scenarios, including support for irregular HDLAsS, trans-
portability, focus on the ground truth with minimal idiosyncrasies,
vantage-point aware, optimized, lean, scalable, and accessible, and
with the help of a growing number of rapid prototyping tools, the
ease of use with particular focus on mapping multidimensional
data onto spatial audio.

D*s design focuses on rapid prototyping and implementa-
tion, leveraging existing battery of Max objects wherever possi-
ble, and consequently the pursuit of maximum flexibility. Such
hybrid, mostly open source (MOSS) approach to software distri-
bution is envisioned to isolate aspects that are easily modifiable by
community and thereby encourage iterative improvement through
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community participation, while retaining control over the core al-
gorithm and its still evolving APIs. As a result, the library is
also implemented as a potential drop-in replacement for the ex-
isting approaches to spatialization that predominantly rely on the
azimuth/elevation value pairs. Although amplitude overages are
unlikely, as a safety precaution, LBAP further implements hard
limiting per physical output channel, preventing amplitudes that
exceed 1 or 100% of the incoming sound.

7. LIMITATIONS AND FUTURE WORK

While LBAP’s simplicity essentially makes it capable of address-
ing just about any 3D loudspeaker layout that can be reasonably
described as a collection of horizontal layers, D* library’s rapid
prototyping tools do not account for corners in cuboid scenarios as
potentially special cases, something that would affect both the am-
plitude and the vantage point elevation. In informal listening tests
the dichotomy between the assumed spherical azimuth/elevation
loudspeaker location assignment and the actual cuboid layout of
the ICAT Cube has not revealed observable deviations mainly be-
cause the azimuth and elevation hold true in both cases, with the
ostensible amplitude variation due to differing distances between
the listener and individual loudspeakers being below the observ-
able threshold.

The same layered approach may make LBAP not applicable
to certain scenarios. While some such scenarios are delineated for
instance in DBAP paper [9], it is currently unclear how necessary
or useful such a feature may be, particularly within the context
of spatial audification and sonification. To address this, LBAP’s
layers could be ostensibly applied in a way where such layers are
not treated as parallel, albeit at a potentially significant increase in
algorithm’s complexity.

Unlike D-Mitri and MIAP, D* is currently not capable of
grouping loudspeakers. While similar results can be achieved
through the use of the Sound Mask and/or independent layers,
there is clearly a need for potential use of groups in the system’s
future iterations. Another limitation is the lack of multiple inde-
pendent multilayered contexts. Currently, the system supports one
multilayered context and virtually unlimited number of additional
independent layers. It is unclear whether it makes sense to have
multiple concurrent multilayered contexts exist within the same
space.

It is worth noting that Jitter operations D*’s SM relies on are
not designed to take place per audio sample and as such its visual
tools have more limited resolution than the audio itself. While the
system provides built-in audio interpolation this remains one of the
potential limitations, particularly when it comes to exploring inno-
vative approaches to spatial amplitude modulation that goes be-
yond the fifty keyframes per second. Outside such extreme cases,
the number of possible keyframes has proven more than adequate.

8. OBTAINING D*
D* is currently under development with the anticipated commer-

cial release in the summer 2016. For licensing enquiries contact
the author at ico@vt.edu.
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ABSTRACT

In this paper we examined the role of informative sound in a
simple decision-making game task. A within-subject
experiment with 48 participants measured the response time,
success rate and number of timeouts of the players in a
number of eight-second decision tasks. As time proceeds, the
task becomes easier at the risk of players timing out and
reducing the overall opportunities they will have to attempt
the task. We designed a simple informative sound display that
uses a tone that increases in amplitude over the duration of the
task. We test player performance in three conditions, no
sound (visual-only), constant (non-informative) sound and
increasing (informative) sound. We found that the increasing
sound display significantly reduced timeouts when compared
with the visual only and constant sound versions of the task.
This reduction in timeouts did not impair the players’
performance in terms of their success rate nor response time.

1. INTRODUCTION

The aim of this study is to understand the informative use of
sound in a simple decision-making task. We are motivated to
better understand interaction in computer games where a
player’s fast decision-making is often critical to performance.
The amount of time taken to make such decisions can be
affected by the amount of information the player possesses in
their current situation. Assuming that extra information
allows players to perform better at such game tasks, this
paper investigates the way sound can be used to provide
multi-modal support for decision-making.

This ‘informative’ use of sound is designed to provide
additional feedback related to the players’ own actions, as
well as key events and states of the game world. That is, the
player can gather information about the game environment
by relying upon auditory as well as visual cues. This might
be advantageous in situations where visual cues are unhelpful
because the eyes are already engaged in processing other
signals. Alternatively, auditory displays may provide a more
optimal modality for information when temporal cues are
required.

This work is licensed under Creative Commons
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In terms of computer games, the role of sound in has
certainly evolved since the classic laser sound effects and
monotone background music used in nostalgic games such as
Space Invaders [1]. Indeed, sound has become an integral
part of the experience provided by modern computer games.

Sounds for computer games have traditionally been
designed much like sound for motion pictures, as an adjunct
to the visual experience. In films, music is used to establish
the mood of the scene as well as to evoke tension and
emotional responses from the audience [2]. Sound effects in
film tend to enhance the realism of the scene with the
intention of creating greater levels of immersion for the
viewer.

Rightly or wrongly, computer game designers tend to
focus on visual perceptual cues when designing the game
levels [3]. Like the sound in films, the auditory effects are
mainly added to enhance the visual experience [4]. In
accordance with this approach, much research on sound
display within video games has focused on how sound
enhances players’ experience and immersion [4-8].

Of course, one consequence of using sound solely for
visual enhancement is that the design of more informative
sound can be overlooked. For some user groups, such as the
visually impaired, this can even exclude them from being
able to play the game [9]. A more subtle consequence is that
the full potential of using sound to convey useful messages is
not always exploited in games. This is despite many studies
within the field of auditory display [4,10-17] that provide
evidence for the value of auditory feedback. It is clear that in
many situations, well-designed sounds can provide important,
additional feedback for computer users [7, 17-22].

While sound is usually designed as an adjunct to visual
experiences in computer games, some games do exploit
sound in more informative ways. These include Papa Sangre
[29], a horror themed audio game for the iOS mobile
platform that uses sound effects to guide the player in the
dark environment. Likewise, the recent Thief series [30]
integrates sound into the gameplay and uses it as the primary
feedback for navigation. Informative sound is also present in
some online multiplayer games such as World of Warcraft
[31] where the sounds provide a more general informative
function that supports player orientation and the
identification of key situations and states [21].

Many approaches exist for supporting the design of
sound displays. These include a case-based, metaphorical
approach for aligning the informative function of sounds to
listening encounters from the real world [23] and a structured
multi-sensory taxonomy with guidelines that considers all

Page 46



The 22™ International Conference on Auditory Display (ICAD-2016)

modalities for the display [24]. Another approach relies on
the use of Auditory Design Patterns [12,25,26]. This
approach has been considered for both general auditory
display [12] and specifically for use in video games [25,26].

Probably, the two most well-known techniques described
for displaying information through sound are Auditory Icons
[10] and Earcons [13]. The technique known as Auditory
Icons was first investigated as a means of extending the use
of visual interface icons to the auditory dimension [10].
Based on ‘everyday listening’ skills, this approach maps
information to recognisable sounds from the real world. By
using a recognisable sound, the user can intuitively
understand the current action or event suggested by the sound.
For example, hitting a tin with a stick is an event that
generates a sound. The sound itself coveys information about
the material and size of the tin and if it is full or hollow. The
sound also conveys information about the materials involved,
the frequency of hitting and the force of the hitting. This is
information we naturally learn to interpret from our everyday
experiences.

There are many instances of natural-like sounds used to
augment computer interfaces. For example, the SonicFinder
integrated running and pouring sounds in the Macintosh
interface to represent file manipulations on the desktop [11].
In the SharedARK application, a virtual physics laboratory
for distance education included sounds such as hums that
mapped to the state of the physics being simulated [27]. The
ARKola bottling system, mapped sounds to equipment in a
soft-drink factory, introducing audio cues for monitoring the
bottling process [27].

The second common method of designing informational
sound is the use of Earcons [13]. Earcons are abstract,
synthetic tones that are structured to create auditory messages.
This approach relies on ‘musical listening’ skills as it
conveys information using musical properties of sound such
as rhythm, timbre, and the pitch of notes. This can be
contrasted with Auditory Icons that use everyday listening
skills rather than acquired musical expertise.

Studies on the effectiveness of Earcons for conveying
information have been conducted since the 1990s. Brewster
et al [14] experimentally tested the effectiveness of Earcons
in providing navigational cues within a structured menu
hierarchy. The results found that 81.5% of participants
successfully identified their position in the hierarchy,
indicating that Earcons can be a powerful method of
conveying structured information. Polotti et al [28] evaluated
the use of rhetorical Earcons to map common operating-
system functions in a graphical interface and found that
subjects benefited from additional sound feedback when
performing key tasks such as cutting and pasting.

Compared with Auditory Icons, Earcons have the
advantage of being able to convey complex information
about events to the user without any natural associations with
a sound source. On the downside, Earcons require prior
understanding of the mapping between the sound and the
event before the information can be recognised. By contrast,
Auditory Icons are considered to be more intuitive as they
leverage the existing listening skills of users.

Currently, only a limited amount of work relating
Auditory Icons and Earcons to computer games has been
reported. Jorgensen [21] noted that both these approaches can
play a role in terms of enhancing control functions for the
player by extending the player’s current range of vision.
There are also some taxonomies of sound usage described in
the context of games [32-34]. The use of Earcons and
Auditory Icons and their relationship to player performance
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in Defence of the Ancients 2 (Dota 2) [35], a popular
multiplayer online battle arena game, have also been reported
[36].

However, the informative use of sound has a much
longer history of study in domains outside of games [18].
With applications have been reported in diverse domains
ranging from file management [11] to hospital operating
rooms and vehicle safety systems [39-41]. Leveraging these
informative approaches to using sound can potentially allow
more critical information to be integrated into game
interfaces. This intent would be to improve traditional
usability criteria such as effectiveness, utility and efficiency
[10,11,26,37,38] without impacting on the immersive
experience that games strive for.

Interestingly, the effects of additional sound information,
on top of existing visual information, are not always
beneficial. The auditory Stroop effect [42] demonstrates how
performance can deteriorate when the visual and auditory
information are in conflict. Moreover, given the ultimately
limited capacity of the brain to process information [43,44],
additional sources of information, though relevant to the task
at hand, may overload the system and impair performance.
Thus, the potential benefit from adding auditory information
to visual displays is not trivial and requires careful empirical
scrutiny. This is precisely the aim of the current study.to
evaluate user performance in a multimodal decision-making
task.

2. A SIMPLE DECISION MAKING TASK

We developed a simple, custom-built decision-making game,
called Buckets. It was designed to allow for the controlled
collection of performance data, something that can be
difficult in commercial games due to the complexity of
interactions. Our Buckets game consists of a repeated task
that was initially designed as a visual-only perceptual
challenge for measuring how players employ strategy,
balancing the risks and rewards associated with game
mechanics [45].

Balancing risk and reward is an important consideration
in the design of computer games and has even been likened
to the thrill of gambling [46]. Of course, if players gamble on
a strategy, they assume some odds, some amount of risk. In
gameplay it is reasonable to expect that greater risks will be
compensated by greater rewards. Adams not only states that
each “risk must always be accompanied by a reward” [46]
but also describes this as a fundamental rule for designing
computer games.

In the Buckets game, players must solve a perceptual
challenge, deciding which of four rectangles (buckets) is
filling up with dark blue dots (rain) the fastest. The game is
comprised of repeated trials. On each trial a new display of
four buckets appears and the player has one attempt to
determine by a key press which of the four items is the target.
A new trial with a fresh display appears after a response,
irrespective of whether it was correct or not. The player’s
overall goal in the game is to identify as many target buckets
as possible within a fixed time period. The longer a player
waits on each individual attempt (trial), the more likely it is
that the attempt will result in a positive outcome.

This is because as each attempt progresses, more pixels
accumulate in the target bucket, making it easier to discern
the one correct bucket from the three incorrect ones. A
typical strategy might be to attempt faster responses as this
rewards the player with more time for additional attempts.
An alternative strategy is to reduce the risk of each attempt
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by waiting longer to improve chances of correctly identifying
the target bucket.

At the start of each trial four buckets are displayed (see
Fig. 1). Each bucket consists of 5,000 pixels (50 wide x 100
high). At the start of the game each of the four buckets are
50% filled with 2,500 dark blue pixels and 2,500 white pixels.
The actual position of the 50% of dark pixels is chosen
randomly at every update of the display. For each trial one of
the four buckets is randomly chosen to serve as the target.
Each decision may last only up to 8 seconds within the trial,
where this target bucket will gradually increase its number of
blue pixels until it is 52.5% filled. This number was chosen
by trialing the game and using the empirical data to set a
difficulty level that gave players a 40-60% chance of success.
If no response was given within 8 sec, a new trial begins and
no score will be added to the player.

Figure 1: Buckets Perceptual Challenge

The frame rate of the game is configured to ensure that
the display is updated at 10 frames per second. This means
that about 14 pixels of extra filling are added to the target
bucket at each frame. The actual frame rate of the game is
monitored to ensure it meets this required number of frames
per second.

Note that a player has only 8 seconds to respond, if they
wait too long they timeout, losing the opportunity to make a
selection. After collecting initial empirical data for the game
we found an unexpected consequence of the design was that
many players would experience these timeouts. This would
negate the benefit that was meant to accrue by waiting longer
to make a decision. To address this timeout problem, a
simple sound alarm was designed. A beep was used to warn
the player that they had 2 seconds left to respond.
Unfortunately when trialing this solution the alarm proved
distracting to some players, diverting them from their
primary task and forcing them to make an immediate
decision rather than allowing them to maintain focus on their
primary perceptual challenge.

While such auditory alarms are commonly used as
warnings, they are intended to divert user attention away
from their current task. However, peripheral sounds have also
been found useful for background monitoring of system
states. We therefore implemented a simple background sound
that increased in amplitude over the 8 seconds of the task
decision. This sound can be described as an auditory icon as
the increasing sound acts much an alarm of an approaching
car. The sound becomes louder (and more dangerous)
towards a critical moment in time. There are some
contraindications for using amplitude in this way [14], so we
also considered increasing the frequency of the sound,
however this required us to resolve the complex relationship
between pitch and amplitude [17], something that was
difficult to resolve in the software platform we used. Initial
trials with this increasing amplitude sound, anecdotally at
least, created a suitable alarming signal and thus we adopted
this approach for further empirical testing.
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3. METHOD

The sound-augmented Buckets game was tested by
comparing player performance in three conditions: no sound,
constant sound and increasing sound. The first, ‘no sound’
condition used the original, visual only version of the
Buckets game. The second condition used a ‘constant sound’
generated using a sine wave of fixed frequency (440 Hz).
Musically, this corresponds to A in the fourth octave. This
sound played at constant amplitude throughout the 8 seconds
of each attempt. This condition was intended as a further
control for comparing performance with the ‘increasing
sound’ condition. The increasing sound was generated as a
sine wave where the frequency of the signal was held
constant at 261 Hz. Musically this corresponds to middle C.
The amplitude of the signal gradually increased, in a linear
fashion, over the 8 seconds of each trial. The increasing
sound was pre-recorded as an 8 second wav file that was
triggered for play at the start of each trial.

We tested the game using a repeated measure design with
48 psychology and computing students, and academics, from
the University of Newcastle. Psychology students were
awarded course credit for their participation. The study was
approved by the University of Newcastle’s Research Ethics
Committee. Participants were predominantly male (71%) and
ranged in age between 18-54 years, with an average age of 21.
All participants had normal, or corrected normal, vision and
hearing.

The experiment was conducted within a computer
laboratory. On arrival, each participant was assigned a
workstation that displayed the Buckets game. All data was
collected using an Apple Mac Pro running OS X 10.8
Mountain Lion. The game was played online using the
Mozilla Firefox (Version 22) web browser and the Flash
Player (version 11.4). Each participant wore a full sized
headphone (AKG K44) during the whole experiment, even in
the no sound condition. During the experiment the volume
level on the operating system was set at the lowest possible
volume (1 out of 16 bars).

Each participant played in each of the three conditions:
no sound, constant sound and increasing sound. The order of
the three conditions was counter-balanced across participants
to control for effects learning and fatigue effects. Participants
were randomly allocated to an order of conditions.
Regardless, each participant received one minute of practice
time in each condition before playing that condition
competitively for 15 minutes. These 15 minutes were further
divided into three blocks of, five minutes each.

As each condition began, the participant was presented
with the game rules. These rules emphasized the importance
of both accuracy and speed in the task. At the end of each
individual trial the player received feedback for 500
milliseconds regarding their choice of buckets. A green tick
was displayed below the target square if the decision was
correct. This was accompanied by a cash-register sound. If
the player choose incorrectly a red cross was displayed below
the target and a sigh-of- disappointment sound played. Where
the player timed out an alarm clock was displayed, and a
typical alarm clock sound was played.

At the completion of each of the five minute blocks,
participants received summary information about their
performance, namely their number of correct and incorrect
responses. At the end of each sound condition the subject
was allowed a two minute break before commencing the next
assigned condition. Overall subjects completed the
experiment in about 60 minutes.
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The player’s response time for each attempt, and their
timeout status for that attempt, were recorded for later
analysis. Data regarding the correct target bucket (1-4) and
the player’s actual selected bucket (1-4) for each attempt
were also saved.

4. RESULTS

Overall, the players completed 20,173 trials, with 8,347 of
these trials resulting in correct responses (41.38%). There
were 11,369 (56.36%) incorrect responses and a further 457
(2.27%) timeouts recorded. The task was designed to allow
for a success rate between 40-60% (to allow a sufficient
number of both correct and incorrect trials for analysis, see
[45].) The results show this preliminary goal was achieved,
so we move on to two further types of analysis. We first
performed (section 4.1) further analysis on the pooled data to
gain an overall appreciation of the data. This pooling process
results in unequal number of trials for each condition, so
within-group analysis cannot be used. A more traditional
within-group analysis of the data is performed in section 4.2

4.1 Pooled Trial Results

The average response time of participants was 3.97 seconds
(SD=1.98). A paired-samples t-test was conducted to
compare the response time in winning trials and losing trials
(excluding timeouts). There was a significant difference in
the response time for winning responses (M=4.40, SD=1.81)
and losing response (M=3.50, SD=1.88); t(19718)=1.96, p
<0.05. Again this was expected, as the task was designed so
that responding more slowly would improve the player’s
chance of success.

Next we considered all trials in relation to the three
experimental conditions. Overall, the 48 players completed
6,818 trials in the no sound condition, 6,661 trials in the
constant sound condition and 6,694 trials in the increasing
sound condition. In the no sound condition there were 2,794
(40.98%) correct responses, 3,830 (56.17%) incorrect
responses and 194 (2.85%) timeouts. In the constant sound
condition there were 2,717 (40.79%) correct responses, 3,773
(56.64%) incorrect responses and 171 (2.57%) timeouts. In
the Increasing sound conditions there were 2,836 (42.37%)
correct responses, 3,766 (56.26%) incorrect responses and 92
(1.37%) timeouts.

We designed the increasing sound as a temporal cue to
reduce timeouts; it seemed to be effective with 2.85% of
timeouts in the no sound condition, 2.57% in the constant
sound and 1.37% in the increasing sound condition. A chi-
square test of goodness-of-fit was performed to determine
whether timeouts occurred equally across all sound
conditions. Timeouts were not equally distributed in the
experiments, X2 (2, N=457) = 49.09, p< 0.05. Unlike the
timeouts, there were no significant differences in the number
of correct responses X2(2, N=8,347) = 2.37, p=0.30 or
incorrect responses X2 (2, N=11,369) = 0.15, p=0.93 across
the three conditions. This suggests that apart from the
reduction in timeouts, there were no changes in players’ hit
rate (accuracy) when sound was included in the display.

However, using a one-way ANOVA we found a
significant effect of sound on mean response time for all
trials at the p<.05 level for the three conditions [F(2, 19713)
= 15.26, p = 0.00]. Post hoc comparisons using the Tukey
HSD test indicated that the mean response time for the no
sound condition (M = 3.77, SD = 1.93) was significantly
faster than both the constant sound condition (M = 3.93, SD
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= 1.89) and the increasing sound condition (M = 3.94, SD =
1.88). The constant sound condition did not significantly
differ from the increasing sound condition.

We then considered mean response time from winning
trials separately from the response time for losing trials.
Again there was a significant effect of sound on mean
response time for both the winning trial data at the p<.05
level for the three conditions [F(2, 8344) = 12.31, p = 0.00]
and the losing trial data [F(2, 11366)=5.03, p=0.01].

In terms of wins, post hoc comparisons indicated that the
mean response time for the no sound condition (M=4.26,
SD=1.85) was significantly faster than the constant sound
condition (M=4.48, SD=1.81) and the increasing sound
condition (M = 4.47, SD = 1.76). The constant sound
condition did not significantly differ from the increasing
sound condition. This overall pattern was consistent with the
loss data where post hoc comparisons indicated that the mean
time for the no sound condition (M=3.42, SD=1.91) was
significantly faster than the constant sound condition
(M=3.53, SD=1.85) and the increasing sound condition
(M=3.54, SD=1.87). Again, the constant sound condition did
not significantly differ from the increasing sound condition.

These results were pleasing from our design goals, as
they provided further indication that (i) players avoided
timeouts in the increasing sound condition, and at the same
time (ii) were able to wait longer to respond than in the
original no sound condition. What was most surprising about
these results is that players also seemed to wait longer to
respond in the constant sound condition, although this
produced no significant reduction in timeouts. This constant
sound condition was included as a control condition and was
not expected to produce any variation in the way players
performed the task.

4.2 Player by Player Results

After examining effects from pooled data, we also considered
the player-by-player results. That is, the mean result for each
player in each condition was calculated before analyzing
these results in a one-way repeated-measures design. On
average players completed 420.27 (SD=81.43) trials, 142.04
(SD=33.40) in the no sound condition, 138.77 (SD=27.69) in
the constant sound condition and 139.46 (SD=31.54) in the
increasing sound condition. The minimum number of trials
completed by a player was 318. The maximum number of
trials by a single player was 697.

Given the variation in number of trials that players
completed we were concerned that our overall results could
be biased, or over weighted, by individual performance. We
therefore repeated our pooled-data analysis by using the
averaged results for the 48 players. This entailed averaging
all trials for each of the 48 individual players to find their
averages and then finding the average of these 48 results.

First we considered the average number of winning trials
for each player in the three conditions, no sound (M=58.21,
SD=17.82), constant sound (M=56.60, SD=18.86) and
increasing sound (M=59.08, SD=17.01). A repeated
measures (within subjects) one-way ANOVA showed no
significant difference between the number of wins in the
three sound conditions, F(2,47) = 0.70, p =.497.

Next we considered the number of losses per player in
the three conditions, no sound (M=79.79, SD=39.37),
constant sound (M=78.60, SD=7.62) and increasing sound
(M=78.46, SD=39.18). Again a repeated measures (within
subjects) one-way ANOV A showed no significant difference,
F(2,47) =0.06, p =.946.
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We then analyzed the number of timeouts in the three
conditions, no sound (M=4.33, SD=4.87), constant sound
(M=3.54, SD=3.79) and increasing sound (M=1.65,
SD=2.55). In this case a significant difference was found
between the number of timeouts in the three sound conditions,
F(2,47) = 13.36, p < .05 (0.000). Post hoc comparisons with
Bonferroni correction confirmed that increasing sound
resulted in a significantly lower number of timeouts
compared to the no sound condition (p = .01). There were no
significant differences between either the no sound and
constant sound or the constant sound and increasing sound
conditions.

We then considered the average response time for all
trials, per player (n=48), in the three conditions, no sound
(M=4.08, SD=1.21), constant sound (M=4.18, SD=1.14) and
increasing sound (M=4.22, SD=1.21). A repeated measures
(within subjects) one-way ANOVA showed no significant
difference between the response time in the three sound
conditions, F(2,47) =0.51, p > =.599.

Next, we compared response times for all winning trials
per player (n=48) in the three conditions, no sound (M=4.22,
SD=1.23), constant sound (M=4.40, SD=1.11) and increasing
sound (M=4.40, SD=1.20). No significant difference was
found for the players average winning response time, F(2,47)
=0.98, p =.379.

Finally we considered just the response time for losing
trials per player in the three conditions, no sound (M=3.88,
SD=1.16), constant sound (M=3.94, SD=1.08) and increasing
sound (M=4.04, SD=1.19). Again no significant difference
was found for the players average losing response time,
F(2,47)=0.72, p =.492.
captions.

5. DISUSSION

The key design goals of our multimodal display were
validated in the experiment. First the decision-making task
had a general success rate of about 41%, within the desired
range of 40-60% (necessary to allow a sufficient number of
both correct and incorrect trials [45]). However, there was
considerable variation between players with four of the 48
players averaging below a 25% success rate and another four
achieving higher than 70% of correct responses when all
their trials were considered. Fig. 2 shows the distribution of
win-percentage across players (the line marks the mean
correct rate of 41%).
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Figure 2: Percentage of wins for players
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Second, the application of increasing sound cue to
prevent timeouts was also successful. When we analysed all
trials together, and then player-by-player, we found a
significant reduction in timeouts in the increasing sound
conditions compared to the no sound condition. This
reduction in timeouts did not seem to come at the expense of
players responding more quickly in the task. Indeed when we
examined all trials together we found a significant increase in
reaction time, so players actually slowed their response time
in the increasing sound condition compared to the no sound
condition. Overall, they also recorded more wins and fewer
losses in the increasing sound condition than the no sound
condition. This was consistent with the game design, as we
expect the task to become easier as players wait longer.

These results are mitigated by the fact that when we
compared the data by averaging player by player outcomes
the difference in timeouts was still significant, however, the
increase in response time and wins in the increasing sound
condition was no longer evident. This suggests there was
some bias introduced into the overall results by the
performance of individuals in the experiment. Regardless, we
can be confident that the player’s performance in the
multimodal task did not reduce to offset the reduction in
timeouts.

The most surprising result was that that when we
compared the overall trials we also found a significant
difference between the response time and number of wins in
the constant sound condition, compared to the no sound
condition. Again this is mitigated by the fact that this
significance was not evident when we compared the average
results over the 48 players. Regardless this is a surprising
result and worth further discussion.

The increasing sound signal was specifically designed to
allow players to wait longer before deciding. The constant
sound was introduced as a control, yet somewhat surprisingly
players seemed to wait longer before responding in this
condition as well. This could imply they also receive some
timing information from this constant sound signal. One
explanation for these results is that players have an internal
mechanism for measuring time that is activated by a constant
sound signal. Indeed such a model has been proposed that
describes an internal pacemaker sending a regular series of
pulses to some kind of counter mechanism [47].

In this model the internal clock mechanism can also be
calibrated by external events. In the buckets game this
calibration might occur using the visual updates or the game
time outs. The model has also been used to consider how
such a clock could impact of cognitive function such as the
decision-making task [48]. Because of the need to track time
in the constant condition this model predicts that we would
see slightly longer response times, yet lower success rates.
While this is the case in this experiment, these differences
were not found to be significantly different in the constant
sound condition compared to the increasing sound condition.
Regardless, this interesting result is probably worth further
study.

In terms of decision-making tasks in game designs, we
have demonstrated the usefulness of gathering empirical data
to test player performance on game-like tasks. We have also
demonstrated how simple informative sound displays can
provide useful information in a perceptual visual challenge.

6. CONCLUSION

Fast decision-making is often a critical task that underpins
performance in computer games (and real life). Players in

Page 50



The 22™ International Conference on Auditory Display (ICAD-2016)

competitive games are often faced with numerous, rapid
decisions in which the final outcome is decided based on the
player’s current awareness of the situation. This requirement
is also true in many business decisions.

In this experiment we compared the performance of
players in a simple visual decision-making task and a
multimodal version of the same eight-second task. Players
must choose between one of four possible outcomes within
the eight seconds before timing out. The longer players wait
the easier the challenge becomes.

We augmented the visual only task by adding auditory
feedback in the form of a sound slowly increasing in
amplitude over the eight-second period. When compared
with the visual only task, we found that there is a significant
reduction in the number of timeouts experienced by players
in the increasing sound display. This reduction does not seem
to come at the expense of performance, as players seem to
wait longer and make more correct responses in the
increasing sound condition.

An interesting result that needs further validation is that
players also seem to wait longer when a non-informative
constant sound was added to the display. This result was
difficult to validate as considerable player-to-player variation
occurs in the task with average success rates ranging from
21% to 78%. Some players (n=15) performed at least 10%
better in the increasing sound display while others (n=14)
performed 10% worse with this display. For some (n=19)
performance seems relatively unchanged between display
modes.

Such variation in performance has previously been
reported with multimodal displays [15, 38] and categorised
as conflicting, complementary and redundant [49,50]. Where
individuals perform worse with multimodal information, the
display can be categorised as conflicting; where they perform
better it can be described as complementary; and where there
is no change in performance the display can be described as
redundant. This variability in performance is also worth
further study to see if it is consistent among individuals
across other multimodal tasks, indicating a particular
individual preference or also if it might be mitigated by
training.
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ABSTRACT

In this paper, I offer a perspective into a creative research
practice I have come to term as Ecological Performativity.
This practice has evolved from a number of non-linear audio-
visual installations that are intrinsically linked to geographical
and everyday phenomena. The project is situated in ecological
discourse that seeks to explore conditions and methods of
co-creative processes derived from an intensive data-gathering
procedure and immersion within the respective environments.
Through research the techniques explored include computer
vision, data sonification, live convolution and improvisation
as a means to engage the agency of material and thus construct
non-linear audiovisual installations. To contextualize this
research, I have recently reoriented my practice within recent
critical, theoretical, and philosophical discourses emerging in
the humanities, sciences and social sciences generally referred
to as ‘the nonhuman turn’. These trends currently provide a
reassessment of the assumptions that have defined our under-
standing of the geo-conjunctures that make up life on earth
and, as such, challenge the long-standing narrative of human
exceptionalism. It is out of this reorientation that the practice
of Ecological Performativity has evolved.

1. INTRODUCTION

“As techno-science increasingly reaches into every aspect of life,
formerly fast held distinctions between the inert and the active, the
human and non-human and life and matter are cracking.” [1]

In April 2011 researchers from the natural and social sciences,
the humanities, and a variety of creative practitioners gathered
in Rotterdam, The Netherlands. Under the title The Vibrancy
Effect: An Anti-Disciplinary Meeting, the focus was to discuss
and “explore the aesthetic-political-technical-ethical effects of
vibrant matter [1].” The term Vibrancy, here, is in direct
reference to Jane Bennett’s concept of vibrant materiality or
“thing-power” that, as Bennett claims, attempts to give voice
to the energetic vitality intrinsic to matter and the active,
carthy, and complex entanglements of the human and
nonhuman [2]. At this meeting, participants presented their
unique thoughts, approaches, and concerns for considering
vibrant materiality, or, what sociologist of science Andrew
Pickering calls material agency—"“the material that comes at
us from outside the human realm [3].”

@ﬁ-@ﬂ This work is licensed under Creative Commons
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Jump ahead to May 2012 and a gathering of scholars at the
University of Wisconsin, Milwaukee under the rubric of The
Nonhuman Turn, and similar to The Vibrancy Effect, the
discourses to emerge explored the agency of human and
nonhuman bodies. Bennett describes these discourses as an
attempt: “to find new techniques, in speech and art and mood,
to disclose the participation of nonhumans in “our” world
[4].” Erin Manning adds that the “art of participation does not
find its conduit solely in the human. [...] Art also does its
work without human intervention, activating fields of relation
that are environmental or ecological in scales of intermixings
that may include the human but don’t depend on it. How to
categorize as human or nonhuman the exuberance of an effect
of light, the way the air moves through a space, or the way one
artwork catches another in its movement of thought [5].”

Broadly speaking, the nonhuman can refer to objects such
as “climate change, drought, and famine; to biotechnology,
intellectual property, and privacy; to genocide, terrorism, and
war [6].” Such wide-ranging perspectives on what constitutes
a nonhuman are, as Salter claims above, a cracking of
distinctions [1]. But given the many concerns arising in the
twenty-first century, in the time of ecological emergency, this
turn towards the nonhuman has particular relevance, as
Timothy Morton suggests, “to exit modernity [7].”

2. ISSUES OF AGENCY

“Thinking issues of agency through the experiential encounter with
the ‘stuff of the world” encourage a radically different vision of the
world—dynamic, temporally emergent, contingent, and
performative [8].”

Thinking in terms of agency and performativity is nothing
inordinately new, and in Western thought has evolved from a
variety of philosophical, scientific and artistic research that
took place over the last century [6, 9, 10]. Of late however, the
reinvestigation into these notions is, as Salter suggests...
“encouraging a radically different vision of the world [8].”
From Karen Barad’s “intra-action” [11] and Pickering’s
“dance of agency” [3] to Bennett’s “thing-power” [2],
Morton’s notion of the “hyperobject” [12] and Tim Ingold’s
“meshwork” [13], a reconceptualization is taking place which
challenges the fundamental understanding of the interdepend-
ence and interconnectedness of all life and matter and the
notion of human exceptionalism.

As these thinkers grapple with the notion of agency in
human and nonhuman bodies, a host of ecological, social,
cultural, and political observations and concerns are being
raised and challenged; the urgency of which is energized by
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Figure 1: The work Motion Parallax (1998) was the first
large-scale audiovisual collaboration between Andrew
Denton and I and was created using field recordings captured
on a cross-Canada trip from Tofino, British Columbia to
Cape Spear, Newfoundland. This photo was taken on the last
day of shooting on top of Signal Hill historical site located in
St. John’s NFLD.

what has now been embraced as the Anthropocenel—the
epoch in which the effects of fossil-fuel-burning humans have
fundamentally altered the earth’s geological composition.

For my own part, I was drawn to these discussions as a
means to answer my own question: What does making art
from the lived and experiential encounters with the ‘stuff of
the world’ do? In other words, what is the purpose of an art
form set in the context of time and place? Since the 1990s my
creative practice has revolved around the exploration of the
day-to-day situated encounters in the real world (Figure 1).
These works were deeply embedded in time and place and
explored the impact that human activities have had on the
landscape. Since then, this practice has evolved from a
fixed-media format to one that explores non-linear systems.
This was motivated by a growing curiousity to explore a more
dynamic aesthetic that could include agential properties
available in the respective environments. Field recordings
have taken place throughout North America, New Zealand,
and Australia resulting in a catalogue of audiovisual works
that are intrinsically linked to geographical factors and every-
day phenomena.

But what is it about these experiential encounters that have
held my curiosity? What significance does it have on my
mode of artist practice, and how does this practice motivate
the conditions in which creative possibilities are activated,
assembled, and processed? More specifically, what would
motivate my collaborators and I to venture on field recordings
that would place us in Death Valley in 53°C heat, the polluted
wastelands of the Salton Sea in Southern California, the
crowded sidewalks of Los Angeles, and the tourist-filled
paved pedestrian trails in Sequoia National Park? The answer
to these questions, I believe, resides in practice.

By reorienting my creative practice with these different
thinkers and writers, the process that I refer to as Ecological
Performativity has evolved. Central to this idea is the
fundamental questions: What tendencies emerge in the

! Ecologist Eugene Stoermer and atmospheric chemist Paul
Crutzen coined the term Anthropocene as a means to name the
geological transformations that have occurred in the oceans
(acidification) and coral reefs (bleaching) [14].

making-doing-thinking’ of creative practice when human and
nonhuman agency is located as a co-creative device? What
capasities do these tendencies have on the creative process and
how do they affect the resulting artefacts? Can this encourage
an attunement to the reality of the coexistence of all things on
Earth? And if so, as a creative practitioner, what, then, is my
response and response-ability?

3. ECOLOGICAL PERFORMATIVITY

“The world is an open process of mattering through which
mattering itself acquires meaning and form through the realization
of different agential possibilities [11].”

Open processes and different agential possibilities are central
to the creative practice of Ecological Performativity.
Ecological is located within the philosophical provocations of
Brian Massumi and Erin Manning as being that of a relational
experience: “Organisms-that-person agitate in the mix, but
always in a witness of environment: a becoming ecology of
practices [16].” Thus, this practice considers emergence and
material agency as co-creative apparatuses. Accordingly,
Performativity draws specifically upon Andrew Pickering’s
notion of the “dance of agency [3].” Here, agency and
performative are entwined in what Pickering posits as the
performative idiom [18]. This is Pickering’s attempt to move
away from the idea that agency is specific only to humans, or
to what he refers to as “human exceptionalism [18].” He
suggests that the world, in all its heterogeneous multiplicity, is
full of agency and processes of emergence. By exploring these
processes and performative relationships between things,
including those beyond the human realm, Pickering suggests
that we invite the “possibility of a non-modern stance of
revealing rather than enframing which, in turn, invites
open-ended extensions [19].”

Similar to other ecologically-grounded creative practices,’
Ecological Performativity explores the relationships of
environment, material, and process, and are derived from an
intensive data-gathering procedure and immersion within the
respective environments. Each work begins in a collaborative
field-recording process that often starts in a matter-of-fact
manner (making sure all batteries are charged etc.). However,
the effect and affect these environments have on my
collaborators and I become an operative agent. Bennett’s dis-
course on “thing-power” surmises that: “Earthy bodies, of
various but always finite durations, affect and are affected by
one another. And they form noisy systems or temporary
working assemblages that are, as much as any individuated
thing, loci of effectivity and allure [4].” There is a causal
dimension that, as Morton argues, is “wholly an aesthetic
phenomenon [7].” Of this my long time collaborator Andrew
Denton writes: “Once time is taken to absorb [the location], I
attempt to record material that communicates my sensations
and experiences of being there [25].” He reflects that by
“letting go of a need to understand, comprehend, and catego-
rize [...] the intensity of the making-feeling-thinking [could]
take over in the moment of capture, leave[ing] the reflection

? Donna Haraway describes this figure of practice as a back
and forth passing of patterns, similar to string figure games
15].
g Terms used to denote other ecologically-grounded creative
practices include ecocomposition, sonic ecologies, EcoSon,
ecosystems, and audible ecosystems [20, 21, 22, 23, 24].
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and reinterpretation for a later distanced encounter with the
material during post-production [25].”

The post-production exploration of materials is done in part
through the development of specifically designed computa-
tional systems. These systems vary in construction and are
intrinsically linked to the collected location data of audio field
recordings, moving images and photos, as well as weather,
meteorological, and environmental data gleaned from these
situated encounters. Through research the techniques include
computer vision processes, data sonification, live convolution,
and improvisation as a mean to engage the agency of material
and thus construct the non-linear audiovisual installations.
Data sonification has been enlisted in a variety of ways as a
co-creative apparatus. This includes transcoding environmen-
tal data (numbers) into triggering agents on audio volume
controls, audio delay units, audio effects units, and as a means
to construct algorithms to run the overall architecture of the
non-linear installations. In addition, the compositional
technique of sonification has been employed on still and
moving images for the manipulation of audio field-recordings
and the generation of sonic material through motiongrams
[26]. What emerges does so in an iterative, non-deterministic
manner, which affords an open-ended interaction within an
“ecology of practice [27].”

Subsequently, this ecology of practice has come to involve
the recording of live musical improvisations in response to the
developed system. This has become an important component
of Ecological Performativity,—which is within the iterative
developments of these systems out of the material gathered; an
acoustic musician is then invited into the process to respond
improvisationally to the material. Recordings have taken place
in live multimedia concert improvisations, studio settings, and
the respective environments. What this provides is a
cumulative database that in turn folds back into the final
system. Motivated by the desire to explore non-linear systems,
the installation platform provides a space where the
constraints of beginnings, middles, and ends are eliminated.
The artwork can then exist as a transformative apparatus.

Operating in this discursive register, from the core of crea-
tive-research, provides a platform for experimentation-as-
process that contributes to new ways of thinking by insisting
that every practice is a knowledge that can speak and act
through the differences and emerging possibilities.

4. Dark Ecology, the Sonic Potentials of Data and
the Salton Sea

“With dark ecology, we can explore all kinds of art forms as
ecological: not just ones that are about lions and mountains [...].
The ecological thought includes negativity and irony, ugliness and
horror [28].”

Anybody who has ventured into the writings of Timothy
Morton will be familiar with the complexity of ideas spun on
every page. From his book Ecology Without Nature and ideas
of the “hyperobject” to his dark ecological thoughts, Morton’s
philosophical ponderings purpose a way of thinking and being
(of which he considers thinking, in and of itself, an ecological
event) that embraces ambiguity, uncertainty and the
uncanniness of the entangled mesh. Morton is a strong
advocate for art, philosophy, and music stating that: “...art
forms have something to tell us about the environment,
because they can make us question reality [28].”

“Thus the art in the time of hyperobjects explores the uncanniness
of beings, the uniqueness of beings, the irony and interrelationships
between beings, and the ironic secondariness of the intermeshing
between beings [29].”

When considering Morton’s idea of the hyperobject, that of,
“agents or objects so massively distributed in time and space
as to transcend localization, such as the biosphere, global
warming, or the sum of all the whirring machinery of capital-
ism [12],” the creative practice of making works from field
recordings and data becomes multifaceted. When one reflects
on the interwoven interactions that occur in any given
encounter; between what is seen and unseen, heard and
inaudible to our human ears, the complexity of the mesh is
immense. For Morton, “the mesh” substitutes words such as
interdependence and interconnectedness [28]. For Tim Ingold,
the mesh is a metaphor for the relational interwoven lines of
lived experience [13]. In my creative research, thinking in
terms of the mesh underpins the practice of Ecological
Performativity. By engaging in a non-deterministic way with
what is present in any given environment, “the poetic potential
of locational data has the capacity to draw you to the
multiplicity and complexity of the content [25].”

This practice was put into play when collaborator Andrew
Denton and I recently embarked on an audiovisual collection
process throughout the Southwestern drought regions of the
United States. This three-week field recording session
involved many extreme locations including Bombay Beach on
the Salton Sea. Parking our vehicle and venturing into this
environment, the odour itself stopped us in our tracks. The
shoreline was littered with dead fish and birds and human
objects in varying stages of decline, all of which were covered
with a dusty white mixture of salt and dried thermal mud. This
environment is the result of early 20™ century weather systems
and ensuing human activities.

In 1905, when the Colorado River swelled and breached its
banks, the water ran into the Salton Sink, a geographical
region 220 feet below sea level. After two years of continuous
flow, a 15-by-35 mile lake formed that became known as the
Salton Sea [30]. Taking advantage of California’s newest and
now largest lake, the Salton Sea became a favorite getaway
spot for nearby Los Angeles and San Diego residents. During
the 1950s and ‘60s, Bombay Beach, which is located on the
lake’s eastern side, became a prosperous resort town filled
with sunbathers, water-skiers, and yacht club parties. During
the 1970s, however, it became apparent that the ecosystem of
the Salton Sea was quickly deteriorating. With no drainage
outlet and little to no annual rainfall, the inflow of industrial
pollutants and untreated sewage began to increase the lake’s
salient level and caused the water to deoxygenate. What had
become an angler’s well-stocked paradise quickly transformed
into a rotten layer of dead fish and birds [30, 31].

The indexical signs of the human and nonhuman now litter
Bombay Beach, which has been described as “the most
depressing place in California [32].” Once Denton and I had
adjusted to the initial shock of this environment, we proceeded
to record these indexical signs. Denton finds himself visually
drawn to the monotonous awe of water reflections, birds in
flight and the seemingly endless convoy of cattle trains that
shimmer in the desert heat, on their journey from Mexico
(Figure 2). For my part, I became transfixed with the
numerous objects scattered throughout this landscape: rusty
metal objects sticking out of the ground, wooden refuse from
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Figure 2: The Salton Sea. Photo Andrew Denton

dilapidated buildings, sections of concrete slab, plastic bags
entangled and flapping in dead bushes, and a lone broken
piano (Figure 3). Using contact microphones, I recorded the
sonic textures and tones by tapping, plucking and playing
these objects. Equally striking was the sound resounding at the
waters edge. Primarily comprised of crushed fish and bird
bones, the sonic quality activated by wave and human
footsteps has a sharp percussive high-pitched resonance. I
captured this using a hydrophone.

It was during this field recording I posed the question to my
collaborator: what does making art from these lived and
experiential encounters in the world do? Beyond technical
considerations, this research attends to the frailty,
vulnerability and the performative substance of time and
place. Morton surmises “to be located “in” space or “in” time
is already to have been caught in a web of relations [7].” From
a sonic arts practice Kim-Cohen suggests that: “Every work of
art is a response to the conditions within which it is produced
and received [ ... ], the assumptions and problems inherent to
its time and place [33].” Or, perhaps, by choosing to engage
with the negativity, irony and ugliness of these environ-
ments—Morton’s dark ecology, the capacity to recalibrate the
world through our practice is opened by drawing out the
evocative and emotional that, in turn, provides the opportunity
to see, hear and be in the world differently [25]. The artwork
becomes an apparatus of change.

Figure 3: Piano on Bombay Beach.
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ABSTRACT

In this paper we report on a unique and contextually-sensitive
approach to sonification of a subset of climate data: urban air
pollution for four Canadian cities. Similarly to other data-
driven models for sonification and auditory display, this
model details an approach to data parameter mappings,
however we specifically consider the context of a public
engagement initiative and a reception by an ‘everyday’
listener, which informs our design. Further, we present an
innovative model for FM index-driven sonification that rests
on the notion of ‘harmonic identities’ for each air pollution
data parameter sonified, allowing us to sonify more datasets
in a perceptually ‘economic’ way. Finally, we briefly discuss
usability and design implications and outline future work.

1. INTRODUCTION

Sonification has, over the last two decades, established itself
as a growing modality for conveying information and an
increasingly legitimized tool, useful in many different
circumstances. It can integrate successfully into workflows
for control room monitoring, scientific data exploration, and
even physiotherapeutic treatment [1]. Arguably, in any
circumstance where there is (ongoing or continual)
information that requires perception and/or action,
sonification can play a part in its communication, either alone
or as a complement to visual displays.

Within the broader collection of ICAD literature, there have
been numerous advances in scientific sonification and
accompanying issues of auditory stream perception,
aesthetics and usability. However, there has been relatively
little attention as yet given to circumstances in which
scientific data is communicated in the public sphere. That is,
when sonifications have been designed to engage a mass
audience through the audible representation of scientific data,
with the goal of raising awareness and allowing an everyday
listener access to challenging and often ‘cold’ scientific
information. As with other contexts, this form comes with its
own design ideals, aesthetic affordances, and functional
constraints to consider.

Recent sonification projects, which include the discovery of
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the Higgs Boson [2], Rosetta Comet [3], and gravitational
waves [4], have received widespread public appeal. They are
among the more salient examples of aesthetically driven
mappings that are meant to engage the public in a particular
way, with, of course, the openly political motive of trying to
foster a public interest in scientific discovery. And also,
perhaps, with the underlying political motive of trying to
justify funding for costly programs. It is important to
acknowledge this, because in circumstances Wwhere
sonification is used as a ‘public relations’ tool, there is
always a message underneath which serves as the guiding
principle for its design: a note made most famously in
Alexandra Supper’s discussion of the legitimacy of
sonification [5].

With sonification’s increasing presence in the public domain,
one of the most pressing implications is the need to rethink
perceptual mappings and training as part of ongoing design
developments in sonification to involve an increasingly non-
specialized audience that is more used to listening to music
than data. The visual equivalent of this would be the rise and
popularity of conveying popular scientific/quantitative data
through accessible and visually appealing infographics and
data visualizations. Here is where sonification, akin to
visualization, provides a unique entrypoint into
understanding complex and often ‘invisible’ scientific, but
also potentially social, cultural, and political processes. For
this reason, it is useful to explore the unique ways in which
sonification operates in the context of public relations. This
paper will chart a practice-based research approach to a
mapping strategy meant to engage the public with issues
surrounding air quality in cities across Canada. Sonification,
in this case, serves as a tool to communicate a broader
message of mitigating emissions to the public, for citizen
health, as well as for climate change activism.

2. DATA DOMAIN AND DESIGN PRINCIPLES

Climate and weather data have been a popular resource for
sonification research in the past, possessing time-varying and
dynamic characteristics, ripe with temporal patterns for the
ear to perceive. Previous explorations of climate data have
often cited these as reasons for developing new sonification
methods [6]. In more recent cases, such as Goudarzi’s user-
centered approach [7], the stated end-goal of her design
methodology is to develop mapping strategies that serve the
research needs of climate scientists. The data used is complex
and multidimensional, requiring many perceptually diverse
mappings sounding in parallel. Scientists are also required to
learn the mappings over an extended period of time.

Page 60



The 22™ International Conference on Auditory Display (ICAD-2016)

If we consider public presentation as the context of reception,
the requirements are different. Given time constraints,
sonifications often need to be simplified to drive home one or
two highly important and impactful points. Fewer mapping
strategies are used, and they may be more aesthetically
driven. The message behind the sonification needs to be self-
evident, and would not require specialized ear training to
perceive.

In this project air quality was chosen among the broad
spectrum of climate data based on its availability, and its
recurring presence in the media’s continuous coverage of
issues surrounding urban environments. Because of this
coverage, a public is primed to understand the connections
between air pollution, their health, and the contributions of
these emissions to the climate change. A sonification of air
quality data, then, serves as an access point for the public to
further understand the urgency of our changing environmental
condition. It is this underlying outcome that guides our
design.

Sonifications for four Canadian cities, Vancouver, Edmonton,
Toronto, and Sarnia during the year of 2014 were analyzed.
Data is retrieved from provincial websites for British
Columbia, Alberta, and Ontario respectively [8], [9], [10].
Within each dataset, five metrics of air pollution are sonified.
These metrics are Ozone (Oj3), Particulate Matter (PM,3s),
Nitrogen Dioxide (NO,), Carbon Monoxide (CO), and
Sulphur Dioxide (SO,). Each is sampled hourly.

3. A REVIEW OF PREVIOUS METHODS: THE
AUDITORY GRAPH

Of the three conventional methods of sonification,
audification, model-based, and PMSon (parameter mapping
sonification), the latter is most widely used for small to large
datasets with multiple data properties or dimensions.
deCampo’s Design Space Map [11] proves a useful starting
point when designing sonifications, however, there appears
to be a canonical propensity, in cases where the design space
map is applied, to view a one-to-one data-to-pitch mapping
as the archetype for an effective sonification, i.e. the auditory
graph [12]. It is true that the ear’s ability to resolve frequency
deviations - the JND - is apt compared to other mapping
strategies within certain frequency ranges, however this often
results in sonification designs which can be aesthetically
challenging to listen to for extended periods of time [13], as
well as semantically limited in terms of what pitch change
denotes in terms of meaning. Furthermore, if more than one
data dimension is sonified, resulting pitch streams must be
kept sufficiently separate in frequency so they don’t overlap
and risk confusion as to which data parameter is changing.
These remarks are ultimately situated within one of two
typical ‘requirements’ of sonification listening: ‘exact value
perception’ or a high degree of correct value identification,
versus the general perception of significant shifts in a
continuous dataset. In the case of raising awareness, rather
than scientific identification of data, this challenges
perceptual considerations when designing sonifications.
Conventional auditory graphs may seem appropriate for air
quality data given an exploratory or purely scientific context.
However, under the aesthetic and functional requirements for
public relations outlined in the previous section, an
alternative interpretation of the auditory graph is used, which
we outline in the following sections.
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4. TIME SCALING AND PARAMETER MAPPING

Before the details of the design are revealed, it is encouraged
that you listen to the sonifications for both Vancouver and
Sarnia  first.  They are  publicly available at
https://soundcloud.com/marcstpierre [14]. We contend that
this is meant to demonstrate an implementation which does
not require detailed understanding, or prolonged training, in
order to holistically perceive which city is more polluted. But
it is ultimately in the hands of the listener to support this
argument or critique it.

To begin, there are a few stated goals of a sonification such as
this one. The first is to holistically map more pollutants in the
atmosphere to noise, which takes advantage of its negative
connotations. This is an aesthetic decision to help
communicate the detrimental effects of emissions to the
environment. The second is to be able to differentiate and
compare the relative levels of pollutants in each city. The
third is to do this with temporal effectiveness. In short, the
mapping requires enough aesthetic and functional flexibility
to yield five differentiable streams that do not interfere with
each other or cause auditory fatigue.

The first and most crucial design consideration is time-
scaling. For this sonification, each data value representing an
hour of real time, is reduced to 0.2 seconds of sonification
time. A 12-hour day is therefore represented in 2.4 seconds,
or a year in roughly half an hour. Daily emission patterns in
the data are easily perceivable at this scale and rest
comfortably within the echoic memory range [11]. With
regard to streaming, several fundamental ideas from
psychoacoustics and sound synthesis provide a framework for
the final design. The first is Bregman’s seminal stream
segregation grouping cue, which states that “when two
concurrent sounds have different fundamental frequencies, the
brain can use the fact that the harmonics that comprise each
sound will be a whole number multiple of the fundamental.”
[15]

Considering the design criteria for perceivability, the nature
of our dataset, and these perceptual attributes, we chose
frequency modulation (FM PMSon) as the most suitable
mapping strategy based on its ability to efficiently generate
rich harmonic spectra in relation to a fundamental. Frequency
modulation is a waveshaping synthesis technique, which uses
one waveform to modulate the frequency of another
waveform. One wave is called the carrier, the other the
modulator. When modulation occurs at frequencies above the
audio rate, “sinusoidal sidebands are created at frequencies
equal to the carrier frequency plus and minus integer
multiples of the modulator frequency”. The index of
modulation is a ratio that indicates the amount of deviation
from the carrier signal, and this value determines the number
of sidebands on either side of the carrier, resulting a
subjective experience of ‘noise’ [16].

4.1. Creating “Harmonic Identities” Using Stream
Segregation

The five metrics are sonified in parallel using a simple
mapping strategy with a positive polarity (larger data values
equal to larger acoustic values). 4 of the pollutants, CO, O,,
SO,, and NO,, were scaled and mapped to the modulation
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index of an FM synth in SuperCollider. Each pollutant was
given its own fundamental frequency and carrier-to-
modulator ratio in different regions of the auditory spectrum.
This mapping possesses multiple affordances: the first, given
different c/m ratios, each pollutant occupies a fixed
fundamental frequency in the auditory spectrum which
remains unchanged throughout the sonification. This means
that once the pollutant positions are known, it becomes very
easy to identify which one is changing at any given time.
Furthermore, because of the different ratios, each pollutant
also possesses a distinct array of sidebands that are harmonic
multiples of the modulator, creating unique timbral
structures, or harmonic identities, for each pollutant.
Importantly, this is what allows for the superimposition of
streams on top of each other without perceptual and cognitive
occlusion. As the modulation index goes up for each of the
pollutants to the point of overlap between the sidebands, the
streams remain differentiable, based on the consistent
harmonic relationship to an unchanging and unique
fundamental. In the same way that you are perceptually able
to ‘parse’ out the sounds of individual instruments playing
together in an orchestra, pollutants which are sonified using
FM can be segregated (to a degree) based on their harmonic
identities. As pollutant levels go up, the sidebands increase,
becoming, fuller, brighter, and ultimately noisy. The effects
of this mapping are evidenced by comparing a relatively less
polluted city like Vancouver to an industrial town like Sarnia,
where one sounds much more distorted and aesthetically
‘harsh’ than the other.

4.2. Particulate Matter (PM,;)

The fifth pollutant, PM,,, is measured differently than the
other chemicals and therefore receives a different mapping.
Particulate matter is commonly cited as the most dangerous
air pollutant among those measured [17]. Instead of a single
chemical, PM,; is composed of multiple substances, some of
which are quite toxic, that penetrate deep into the lungs
causing cancer and other related diseases. Because of this
PM,; is mapped to a granular synth whose click rate increases
as the amount of particles increase. This is meant to evoke
the sonic archetype of a Geiger counter, where the increasing
click rate signifies increased urgency / proximity, and in this
case danger to listeners who experience it.

High Nitrogen
Fundamental Dioxide
Frequency (NO2)

Ozone (03)
Carbon
Low Monoxide
Fundamental (CO)
Frequency
Left Right
Channel Channel

Figure 1: An approximate representation of the model’s
frequency domain and stereo-space mappings (PM,; not
represented here)
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(
SynthDef.new (\granular, {
arg amp, out, clickRate, pan;
var sig;
sig =
sig = nin.ar (2, Impulse.kr (clickRate), 0.003, sig, pan);
sig = sig * amp;
Out.ar (out, sig):;
}) .add;

iteNoise.ar(1);

synthDef.new (\fm, {

arg freq, carPartial, modPartial, index, amp, pan;
var mod, car;
mod = SinOsc.ar (freq * modPartial, 0, freq * index):
car = SinOsc.ar((freq * carPartial) + mod, 0, amp);
Out.ar (0, Pan2.ar(car, pan));

}) .add;

Pdef (

\sonification,

Ppar ([

) .play;

)
Figure 2: Example synth definition and parameter mapping
for CO and PM,implemented in SuperCollider.

4.3. The Importance of Redundancy in Communicating a
Message

Stream segregation between the four pollutants (CO, O, NO,,
and SQ,) is further reinforced by the redundant encodings of
the same data in different mapping strategies. Data is encoded
onto amplitude, so that pollutants become louder and more
salient as they increase, as well as the stereo field, so that
each pollutant occupies a fixed position in space, making it
accessible to a wide array of commercially available (non-
specialized) speaker arrangements and listening conditions.
Previous research supports the idea that redundant integral
mapping strategies improve performance in auditory graph
comprehension [18].

In total, each of the four pollutant chemicals possesses four
dimensional attributes. Two of them: spatial position and
fundamental frequency, are meant to facilitate fast and easy
identification of the pollutant. The other two, loudness and
number of sidebands, afford the perception of change. What
is unique and promising in this design — and particular
dataset used — is that a redundant one-to-many parameter
mapping actually becomes a perceptual strength instead of
weakness, owing to FM’s maintenance of consistency of
harmonic identities, promoting coherence of the overall
listening experience.

4.4. A Brief Note on Spatialization for Public Sonification

A practical consideration, chronically under-addressed by
sonification work is that the context in which sonifications
are presented, at conferences, in auditoriums, classrooms etc.
offer widely differing conditions for both audio quality and
spatialization. Designing for public presentation means
designing for a variety of conditions in mind. In many cases,
good quality speakers are not readily available and they may
not be spaced at a wide enough distance to encompass the
entire audience within an immersive ‘sweet spot’. Under
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these constraints, sonifications that rely solely on spatial
mappings struggle to produce meaning for the audience,
unless they are already encoded redundantly to other
parameters. That is to say, redundant mappings are important
not only because their integration with other auditory
dimensions emphasize perceptibility, but also because in
contexts where one mapping fails, the data can remain
comprehensible. Designers in visual modes of representation,
for instance, routinely account for this: it is important to
choose colours that, when printed in black and white, still
offer enough contrast to delineate the image. Auditory
representations in practical contexts can and should operate
under the same principle.

5. PRELIMINARY FINDINGS

While we have not yet had the opportunity to formally ‘user
test’ this sonification with an actual public of everyday
listeners, we have informally presented and tested it in several
working groups, including two sets of audiences of 20+ each,
and a sonification working group of 5 participants. Here we
report first impressions from these presentations to a portion
of a ‘general public’. We discuss the design in terms of
perceivability, but also in terms of affective engagement with
the issues at hand and its utility in generating fruitful dialogue
about climate issues and city infrastructures as a result of
accessing complex data in this way.

Ultimately, a successful sonification design solution reveals
auditory gestalts, perceptible artifacts, or patterns in the data
that hopefully inspire further research directions in the
respective data domain. Based on the listening experiences
during the 3 working group presentations of this sonification,
the dataset anecdotally generated these results:

*  Most everyone was able to readily identify the most
polluted city (Sarnia) and the least polluted city
(Vancouver)

*  Most everyone was able to comfortably identify if
not interpret the four harmonic identities of the
chemical pollutants, and their spatial position in the
recording

* The ‘Geiger counter’ mapping of particle matter
pollution seemed intuitive

*  With some re-listening, most people were able to
identify a rhythmic pattern in the datasets in terms
of ozone ebbs and flows related to solar activity

What is more interesting to us in terms of auditory displays as
a form of public engagement is that listening collectively
(rather than individually) proved a rich way of raising and
discussing a number of questions related to specific patterns
of air pollution in these geographic areas. Sharing the
sonification experience — and having it as a reference to come
back to — allowed us to communicate important additional
information to the publics we interacted with, who otherwise
would not have volunteered to learn more about air pollution
or its health and climate repercussions. Further, while
parameter mapping might seem a ‘technical’ detail, folks
raised a number of interesting perspectives on the use of
‘logical’ and counter-logical approaches to representing
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degrees and type of pollution. One person suggested that
while noisy sidebands convey the idea intuitively, a more
impactful and artistically driven approach could be using
silence somehow — to signify the loss of healthy air and
environments. Comments such as these opened an interesting
discussion of not only semantic mappings of data, but
potential connotations of mapping choices as culturally
specific, and as part of a larger ecology of accessible
information visualization and public knowledge translation.

One specific instance of having a fruitful and informative
discussion based directly on the shared listening experience
comes from listening to air pollution in Edmonton. This
dataset exhibits a unique temporal emissions pattern that is
not present in any of the other cities. Short bursts of
emissions from different sources can be heard at extremely
regular and predictable intervals throughout longer sections
of the sonification for Edmonton. Our collective discussion
specifically included brainstorming about possible causes of
this pattern implying a spark of interest for further research
into the infrastructural and industrial, as well as seasonal and
environmental character of the city. Rush hour, although
initially thought to be the cause, is not a possible explanation
for the bursts; other cities would yield the same pattern if this
was the case. What is curious is that, even though the short
bursts sound at regular intervals, the source of the burst
changes between the pollutants. At times there are prominent
bursts in SO, and CO, but they will then switch to O, and NO,
and back again. One current collectively-generated
hypothesis is that the bursts are a result of a shared industrial
practice across multiple sources of these pollutants, e.g. an
active industrial complex or factory perhaps interacting with
the weather. The point is that while we are not familiar
enough with the data domain to make assumptions about
causes, the listening experience of the sonified data provided
not only enough recognition of relevant shifts and patterns,
but also generates unique questions for further scientific
inquiry and more importantly — public engagement.

6. CONCLUSIONS

By charting a practice-based design methodology for
sonification, we demonstrate an array of aesthetic, functional,
and practical design choices, which coalesce to produce sonic
information. In the case of public engagement, our design
work begins at a high level with a message and aesthetic we
wish to convey, then works down to lower level decisions
that reference synthesis methods and psychoacoustics. An
enquiry into the use of sonification in the context of public
relations reveals certain generalizable principles: at the most
basic level, it illustrates how semiotic decisions, such as
pollution-to-noise mappings, can be an integral and effective
part of collectively interacting with information. Making a
comparison to visualization practices for climate data, there
are arrays of similar cultural/semiotic decisions that are not
typically discussed as part of public presentation: e.g. the
colour red is often chosen to demonstrate the most
detrimental environmental effects of pollution. What we are
getting at is that 