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Abstract

Human—computer interfaces enable the exchange of information between human
users and various types of machines, computers and other electronic devices. The
interaction with modern devices is most commonly performed through visual, audi-
tory or tactile user interfaces. In the case of an auditory interface, the information is
presented with different types of sounds. Auditory interfaces can complement visual
interfaces or in some cases represent an independent input or output interface to a
selected device.

This survey focuses on a special group of auditory interfaces using spatial sound
for the representation of information. The addition of information on the location of
a selected sound source or a group of sources shows many advantages over a mere
single-channel audio. This survey explains the most important limitations of the
human hearing system and the perception of spatial sound. It also includes some
technical background and basic processing and programming techniques for the
creation and reproduction of spatial sounds with different audio equipment.

Spatial auditory interfaces have evolved significantly in the last couple of years
and can be found in a variety of environments where visual communication is
obstructed or completely blocked by other activities, such as walking, driving,
flying, operating multimodal virtual displays, etc. Separate chapters of this survey
are dedicated to the most important areas of spatial auditory displays: mobile
devices and computers, virtual environments, aircrafts and vehicles, visually
impaired and blind computers users and brain—computer interfaces.

Keywords Human—computer interaction ¢ User interface ¢ Spatial audio
* Localization * HRTF
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Chapter 1
Introduction

Research and development work in the field of electrical engineering and other
technical sciences has always aimed to develop more powerful devices with ever-
increasing processor power and responsiveness (Sodnik et al. 2014). A reduction in
the size of modern devices and the extension of their use to new fields and environ-
ments has been a significant design trend in recent years. Mobile devices enabling
various types of communication and access to important sources of information in
mobile environments constitute an important segment of modern electronics.
Mobile devices can be general-purpose laptops, notebooks, tablets or smartphones, or
can be highly-adapted purpose-built devices found in vehicles and other means of
transport. In terms of the range of functionalities and the corresponding software,
the majorities of advanced mobile devices are becoming very similar to traditional
desktop computers, and thus allow for continuous upgrades and the addition of new
applications.

The way an information and communication device is used is determined by
the input—output components that make up its user interface. Human—Computer
Interaction (HCI) or Human—Machine Interaction (HMI) is a scientific field that
studies the various ways in which information and communications can be exchan-
ged between people and devices of all sorts (Dix et al. 2004). It is an interdisciplinary
field, and incorporates knowledge from electrical engineering, computing, mechan-
ical engineering, psychology and cognitive science. The user interface is the sole
point of contact between the device and its user, and must provide for effective
control of the functioning of the device and the input of information and requests.
It should also provide fast, transparent responses and feedback, based on which the
user can evaluate the success of commands and orders, and thus decide on subse-
quent steps and actions. The user interface includes hardware and software, and
consists of input and output elements. The input element allows the manipulation of
the system by the user, while the output element reports feedback of the success
of the manipulation and the effects on the actual system to the user.

© The Author(s) 2015 1
J. Sodnik, S. Tomazi¢, Spatial Auditory Human-Computer Interfaces,
SpringerBriefs in Computer Science, DOI 10.1007/978-3-319-22111-3_1
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2 1 Introduction

The communication channels available for this interaction are visual, audio and
tactile. They are based on the three primary human senses through which we are
able to take in the environment and the world around us. These are seeing, hearing
and feeling. Individual senses differ greatly from one another, and therefore possess
unique attributes and limitations that have to be taken into account when user inter-
faces are being designed. In particular, there is a clear difference in the available
transfer rate, i.e., in the quantity of information that can be transmitted via an indi-
vidual sense in a unit of time. Seeing has the highest capacity, allowing for the
simultaneous intake of a large quantity of information, and has a relatively large
scope and focus (Koch et al. 2006). Hearing and feeling have significantly less
capacity. The hearing channel is multi-directional, and allows for the recognition of
sounds from all directions, but does not allow for the effective recognition and dis-
tinction of a large number of simultaneous sources unless they are separated in
space (Jacobson 1950).

Nowadays, the vast majority of HCI is based on visual communication, where
information about a system is displayed on a screen. Older types of displays sup-
ported only the printout of alphanumeric characters or text in black-and-white or
other monochrome technology (Myers 1998). Information flow was relatively poor
and any more complex interaction was very time-consuming. More recent times
brought the Graphical User Interface (GUI) in color, which could display more
information and at the same time enhance the user experience with images and other
multimedia elements. The GUI is still being developed, and today it can display
various icons and objects in 3D. In any case, information flow is clearly increasing
because of the higher resolutions and larger sizes of computer screens.

Sound or acoustic information appeared relatively early in the history of HMI
and has seen hardly any change since (Sodnik 2007; Dicke 2012). The main motiva-
tion for the use of sound for interacting with machines is the high visual workload
or even overload of the human visual system. Some pieces of information or warn-
ings can simply be overlooked and ignored due to the high density of icons, images
and texts in the visual display. Auditory signals can effectively and unobtrusively
inform the user about some ongoing background processes or activities in the sys-
tem without requiring his or her full attention and without complete distraction from
another activity that has a higher priority (Sodnik et al. 2008a). They are mostly used:

» for events which require immediate user attention,

» for messages that are simple and short,

* as an alert message when the user’s visual system is overloaded, and
* in cases where visual perception is impaired or impossible.

In some cases audio interfaces can represent a primary communication channel
and completely substitute the visual interaction. An extreme example is the case of
blind and partially-sighted users, who operate information and communication
technologies solely by means of hearing and feeling. Examples of the interfaces
available to them include screen readers for desktops and mobile devices, and spe-
cial Braille keyboards, which convert screen content into tactile information. Users
with unimpaired sight can often find themselves in very similar situations when
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1 Introduction 3

their visual channel is overloaded and does not allow for efficient interaction with a
mobile device. This happens when the user is mobile and needs the visual channel
to perform a basic activity such as walking, running, cycling or driving. Other
senses can also be overloaded in such instances, but undertaking the primary activ-
ity puts the greatest load on the visual channel. Secondary activities such as using a
mobile phone or an inbuilt mobile device can present a distraction and endanger the
user, and can significantly reduce the user’s concentration. Auditory user interfaces
are flexible and scalable, ranging from simple non-speech cues, to earcons, auditory
icons, hearcons, natural or synthetic speech output, and audio representation of
multivariate and multi-dimensional data compounds (Sodnik et al. 2008b). They do
not interfere with visual information processing. In addition, audio signals can cap-
ture the user’s attention even if they come from a certain distance or if their source
is hidden from view. This makes auditory interfaces a good alternative in predomi-
nantly mobile domains.

On the other hand, the human auditory system has not evolved for accurate rec-
ognition of the environment or specific surrounding objects, but rather to alert
humans to specific important changes or phenomena (Blauert 2001). Humans are
terrible at perceiving and understanding a large number of simultaneous sounds,
especially if they are speech sounds. Nevertheless, simultaneous perception of a
large amount of audio information improves when individual sources are separated
in space (Drullman and Bronkhorst 2000). The human brain is capable of determin-
ing the exact location of an individual sound source in space. The final localization
accuracy depends on the spectral content of the signal (narrowband or broadband
signals), relative location to the user (in front of, behind, to the side) and environ-
ment (a large room, an anechoic room, an open space, etc.). The localization mecha-
nisms are based on the transfer function of the system from the origin of the source
to the human eardrums. The accurate measurement of this transfer function is of
vital importance for correct generation and reproduction of spatial sound. The pos-
sibility of reproduction of spatial sounds enables design and implementation of
complex auditory interfaces for highly efficient interaction with various machines
and devices. The information flow between a device and a user increases signifi-
cantly according to spatial distribution of simultaneously-played sound sources.

In this book we review some basic principles and methods for the creation and
reproduction of spatial sound and review some examples of its use in spatial audi-
tory interfaces.

The first chapter offers an overview of basic properties of sound and its per-
ception by human beings. First the phenomenon of the acoustic wave and its propa-
gation properties is explained, followed by a description of the human auditory
system and psychoacoustics. The main part of this chapter is the explanation
of mechanisms of sound localization, their limitations and accuracy. Knowledge of
localization is mandatory for the successful creation and reproduction of spatial
sound through various speaker configurations. Publicly-available and widely-used
3D sound libraries are also listed and described briefly.

The second chapter describes general properties of auditory interfaces and
there areas of use. Based on the sound-oriented classification they are divided into
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4 1 Introduction

speech-based and non-speech interfaces. In addition to the description of their basic
structures, properties and limitations the most commonly-used interface metaphors
are also presented.

The third chapter is dedicated to spatial auditory interfaces proposed by individual
researchers and renowned companies. They are grouped into several categories
based on the area of use and dedicated interaction environment. The most important
categories included in the review are:

* portable devices and music players,

* teleconferencing systems,

* augmented and virtual reality systems,

e aircrafts and vehicles,

* blind and visually impaired computer users and
* brain-computer interfaces.

The final selection of described interfaces is based on their scientific impact in
the community, which is reflected by the large number of citations in various data-
bases that discuss them.
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Chapter 2
Spatial Sound

2.1 Acoustic Wave and Sound Propagation

Sound is a vibration which propagates as a mechanical wave through various types
of compressible media (air, gas, liquids, or even solids). In most cases it is a longi-
tudinal mechanical wave of pressure and displacement, although it can also have the
form of a transverse wave in solids. The most important properties of sound are its
amplitude, frequency (period), wavelength and speed of propagation (Kinsler et al.
1999). In a free field, sound is not subject to many influences and is therefore not
reflected, absorbed, deflected or refracted in any way. The propagation of a sound
wave is commonly described by the three-dimensional acoustic wave equation for
sound pressure in the Cartesian coordinate system:

o’p p o'p 10°p
PPN I R e
ox° oy~ 0z ¢ ot

2.

where x, y and z denote the three coordinates in space, ¢ denotes time, p denotes
pressure and ¢ denotes the speed of sound. The speed of sound in dry air at 20 °C at
sea level is 343 meters per second (m/s) and it increases with the density of a
medium or its temperature. The speed of sound in water is approx. 1500 m/s while
the speed of sound in iron is almost 5200 m/s (Bamber 2004). The speed increases
for approx. 0.6 m/s if the temperature of the air increases by 1 °C.

The movement of particles in a fluid medium results in energy transmission
through this medium. The time-averaged rate of sound energy (W) transmission
through a unit area is called sound intensity (/). It is defined as:

1 T
[ =—|pvdt 2.2
- !p 2.2)

© The Author(s) 2015 5
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6 2 Spatial Sound

where p denotes instantaneous pressure, v denotes the particle velocity and 7 denotes
the period of the sound wave. The intensity is measured in Watts per square meter
(W /m?) . For the harmonic plane wave, the intensity can also be expressed as:

[=— 2.3)
Po€

where p again denotes pressure, p, denotes density of medium, and ¢ denotes speed.
As can be seen, the intensity is proportional to the square of the sound pressure.

In the case of a point source, the radiating sound is better presented in the spheri-
cal coordinate system (waves with spherical symmetry):

p 20p 10*p
e
o’ ror ¢t ot

(2.4)

with p denoting pressure and r denoting the radial distance from the source. The source
can be considered as a point due to its small physical dimensions compared with the
distances where the radiating sound waves are observed (Everest and Pohlmann 2001).
The sound radiates outward spherically and the area of the sphere equals 477 .

The intensity of a point source is therefore inversely proportional to the square
of the distance from the source:

1= W2
4rr

(2.5)

where W denotes the power of the source, / denotes the intensity of sound per unit area,
and r denotes the radial distance from the source. Since W and 4z are constant for an
individual source, the intensity reduces by a factor of 4 when the distance from the
source doubles and the intensity reduces by a factor of 9 when the distance triples.

Due to the wide range of sound pressures and intensities in real acoustic environ-
ments, they are often expressed in logarithmic scales. Intensities which can be per-
ceived by humans range from approx. 107> to 10 W /m*. The most common
logarithmic scale for defining sound level is the decibel (dB) scale. The intensity
becomes the Intensity Level (IL) and is expressed as:

IL =10log ]L(dB) (2.6)
ref

where 7, denotes reference intensity and equals 1072 W / m* . If we replace inten-
sities with pressures, we get the definition of Sound Pressure Level (SPL):

SPL =20log < (aB) 2.7)
Prr

where p, denotes the amplitude of measured effective pressure and P, denotes
the reference pressure, which equals 20uPa. Both I, and P, correspond to the
threshold of human hearing.

ref
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2.2 Sound Perception and Psychoacoustics 7

Outer
ear

Malleus

Eardrum * Incus
Auditory

Cochlea

Eustachian tube

Fig. 2.1 Basic structure of the human ear (Sodnik 2007)

Since the intensity of sound is very difficult to measure, pressure and SPL are the
most accessible parameters to measure in acoustics.

2.2 Sound Perception and Psychoacoustics

The study of the perception of sound by humans combines the knowledge and
scientific methods of psychology and psychoacoustics. Psychoacoustics studies the
physical structure of the human ear, sound propagation channels and their transfer
functions, as well as human subjective perception of sound and its interpretation.
The basic function of the human hearing system is to convert physical acoustic
waves of sound pressure into the electrical discharges that are sent to the brain and
which create the sensation called sound.

2.2.1 Human Ear

The human hearing organ consists of three main parts: outer ear, middle ear and
inner ear (Fig. 2.1) (Allen and Neely 2006; Everest and Pohlmann 2001). Each of
these three parts plays an important role in the process of perception and interpreta-
tion of sound. The outer ear consists of a pinna and an ear canal which ranges from
2 to 3 cm in length. Their primary role is to gather as much sound energy as possible
and focus it in the eardrum, which is the outer part of the middle ear. The pinna acts
as an antenna which intercepts sound waves and filters them according to their indi-
vidual shape and size. It also serves as the external protection of the ear canal and
the ear drum. The ear canal, with its specific length, acts as an amplifier which sig-
nificantly boosts the frequencies from 3 to 6 kHz. These frequencies are very impor-
tant for human speech and speech communication.
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8 2 Spatial Sound

The middle ear consists of an eardrum, and three tiny interconnected bones.
These are called the malleus (hammer), the incus (anvil), and the stapes (stirrup) and
are located in an area field with air. The eardrum acts as an elastic membrane which
vibrates when pressed by external air pressure. The vibration with the correspond-
ing frequencies is transferred to the three small bones which again act as an ampli-
fier of the transmitted wave. The stapes is physically connected to the inner ear and
transfers vibrations to the oval window of the cochlea, which amplifies the vibration
by a factor of 15. On the other hand, the middle ear also allows the impedance
matching of a sound wave in the air (low impedance) to a sound wave traveling in a
system of fluids and membranes in the inner ear (high impedance). Without this
matching, the majority of sound waves would simply be reflected off the eardrum
back to the ear canal and out of the ear. Since the middle ear is hollow, there is a
significant pressure difference between the middle ear and the outside environment
when a human moves to a low-altitude environment. The pressure is equalized
through the Eustachian tube, which links the middle ear to the nasopharynx
(the uppermost part of the throat). The tube is usually closed and opens when yawn-
ing or swallowing in order to equalize the difference in pressure.

The inner ear consists of a cochlea, semicircular canals, and detection cells (hair
cells). The cochlea is named for its shape (e.g. spiral-shaped cavity) and reaches
approx. 3 cm in length if extended. It is filled with a special fluid which acts as a
kind of accelerometer and is responsible for maintaining the balance of the entire
human body. The most important part of the cochlea is the organ of Corti, which is
provided with auditory sensory cells and responds to fluid-borne vibrations. The
mechanical vibrations of the oval window are transformed into hydraulic pressure
waves with different amplitudes. The exact position of the maximum amplitude of
the specific wave corresponds to the characteristic frequency of that wave. Higher
frequencies result in higher amplitudes closer to the oval window, while lower fre-
quencies result in higher frequencies close to the end of the cochlea corridor. By the
time the sound waves reach the organ of Corti their pressure amplitude is approx.
22 times lower than the amplitude of air entering the ear canal. There are between
15,000 and 20,000 auditory nerve receptors in the Corti capable of activating elec-
tric signaling to the auditory cortex in brain.

Humans perceive sounds with frequencies ranging from 20 Hz to 20 kHz, but the
upper boundary decreases significantly with age. The majority of human speech
communication ranges from 200 Hz to 8 kHz. Sound with frequencies below 16 Hz
is called infrasound and it is mostly produced by large machines at construction
yards, large instruments, and earthquakes. The absorption of infrasound in a free
field is very low due to the very low frequencies, which results in ranges of sound
propagation up to 10,000 km. Humans perceive infrasound as external air pressure
in the stomach, lungs and chest. Sound with frequencies from 20 kHz up to 250 MHz
is called ultrasound. It is mostly produced by machines with fast-spinning parts,
rocket engines, and different ultrasonic devices. Certain animals, such as dolphins
and bats, are able to produce and perceive ultrasound and use it for communication.
Humans can sometimes perceive ultrasound as a special form of pain in the ears.
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2.2 Sound Perception and Psychoacoustics 9
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Fig. 2.2 Equal-loudness contours of the human auditory system for pure tones (Everest and
Pohlmann 2001)

2.2.2 Loudness and Pitch

In the previous chapter we defined IL and SPL as two physical quantities defining
the amplitude of sound pressure or energy on a logarithmic scale. The reference
values in the definition of IL and SPL correspond to the threshold of audibility at
1 kHz, since the threshold of audibility is frequency dependent. This nonlinearity
corresponds to the nonlinear sensitivity of the human ear. The subjective perception
of SPL by humans is defined as Loudness Level (LL) and it is measured in phons.
1 phon corresponds to 1 dB of SPL at 1 kHz. The dependency of sensitivity on
frequency is expressed as a form of equal-loudness contours, which have been
empirically measured by Fletcher and Munson (1933).

These contours reveal the lack of sensitivity of the human hearing system to low
frequencies (bass tones) and the high sensitivity to frequencies between 3 kHz and
6 kHz (Fig. 2.2). The latter correspond to the audible range of human speech and the
human vocal system.

A subjective term related to the perception of frequency by humans is called
pitch (Everest and Pohlmann 2001). It is a function of frequency, but its relation is
non-linear. Frequency is a physical quantity measured in Hertz, while pitch is com-
monly expressed in mels. The subjective perception of frequency also depends on
the current SPL of the sound. A reference pitch of 1000 mels is therefore defined as
the pitch of a 1000 Hz signal with an SPL of 60 dB.
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10 2 Spatial Sound

Listening experiments have revealed that the human auditory system can detect
approx. 300 different intensity levels and approx. 1400 different pitches. That gives
us approx. 300 x 1400=420,000 detectable combinations in total. These numbers
relate to very specific situations when only single-frequency sounds were used in a
listening test. In the case of more complex sounds, the threshold can drop down to
only approx. 50 pitch—loudness combinations.

2.2.3 Masking

Multiple simultaneous sound sources can interfere with one another in different
ways. One sound can, for example, be inaudible due to a noise or another louder
sound source. The effect is called masking and the masked threshold is the lowest
SPL of the perceived sound when being played simultaneously with a specific
masking noise (Gelfand and Levit 1998). The final extent of the masking effect
depends on the characteristics of the target sound, the masker, and also of the indi-
vidual specifics of the listener. A typical example is a masking effect between two
sounds of similar frequencies and different loudness where the sound source with
lower loudness becomes inaudible or the two separate sounds are heard as one com-
bination tone. The ability to hear both frequencies and to hear them separately
depends on their position within the critical bands (Boer and Bouwmeester 1974)—
auditory filters created by the cochlea. If both frequencies lie in the same critical
band, the human auditory system will be unable to separate them and a masking
effect will occur. The masking pattern changes depending on the frequency of the
masker and its intensity. If two simultaneous sounds are audible but the listener
is unable to distinguish them and to define which elements of the perceived
signals correspond to each of them, the effect is called informational masking
(Gelfand 2010).

Sometimes a sound can also become inaudible due to another sound if they are
not played simultaneously but one after the other (Moore 2004). This effect is called
temporal masking and can affect sounds following the masker (post-masking) or
even preceding it (pre-masking). Both temporal masking effects attenuate exponen-
tially, with the pre-masking effect lasting up to 20 ms and the post-masking effect
up to 100 ms.

The time required for perceptual analysis of a sound is approximately 250 ms
(Demany and Semal 2007) and depends on pre-perceptual auditory memory
(PPAM). Therefore, the duration of the pause between two consecutive sounds
affects their perception. When the first sound is played, it is stored in PPAM and if
the second one is played in less than 250 ms after the first one the perceptual analy-
sis of the first sound is interrupted. Its perception and interpretation is therefore
limited and incomplete.
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Fig. 2.3 Spherical
coordinate system for
describing location of
sound sources relative to
the user (Sodnik 2007)

2.3 Localization of Spatial Sound

The human auditory system is capable of determining the exact location of the ori-
gin of a sound source. This process is called localization and it is of vital importance
for orientation in space, communication with multiple people simultaneously, driv-
ing a vehicle or bicycle, etc. When referring to the position of the selected sound
source in space we usually define its position relative to the listener. The spherical
coordinate system is the most appropriate for defining this relation by selecting the
listener’s head as its origin (Fig. 2.3).

We define the angle 0 in the horizontal plane as the azimuth of the sound source
and the angle & in the vertical plane as the elevation. r refers to the radial distance
from the center of the head. The ranges of the individual quantities are as follows:

-180°<60 <180°,-90°<J <90°,0<r <o (2.8)

The determination of the location of a sound source starts at the pinna (Everest and
Pohlmann 2001). A large number of different rays of sound combine at the entrance
to the auditory canal. Different rays correspond to different propagation paths sum-
ming unreflected direct sound and sound reflected from various surfaces and body
parts. This combination encodes the directional information of an individual sound
source and can be described as a multiplicity of sound rays coming from a specific
azimuth 6 and elevation & relative to the human listener.
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12 2 Spatial Sound
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Fig. 2.4 The time and amplitude difference between incident waveforms for the direct and shaded
ears (Sodnik et al. 2005)

2.3.1 Inter-aural Time and Level Difference

One of the oldest theories in the field of sound localization is called the duplex
theory, which defines the Inter-aural Time Difference (ITD) and Inter-aural Level
Difference (ILD) as the two major binaural cues for defining the location of the
selected sound source (Strutt 1907) (Fig. 2.4).

ITD refers to the delay between the impacts of a sound wave in the left and right
ear, which corresponds to the difference of the distance between the ears and the
sound source. The maximum possible binaural delay is approx. 0.65 ms (Rumsey
2001). It is also important to distinguish between the binaural delay caused by a
single sound source and the delay that occurs between the ears in the case of two
almost simultaneous sound sources at different locations. The latter causes the brain
to perceive just one single source from the location nearer to the earliest of the two
sources.

ILD, on the other hand, refers to the amplitude difference of sound waves when
reaching the left or right ear. The amplitude changes due to multiple reflections
from various obstacles on the acoustic path. The wavelength of sounds with the
frequencies of approx. 1500 Hz becomes comparable to the diameter of the human
head and ITD cues become ambiguous (Cheng and Wakefield 1999). The ear farther
away from the sound source get shadowed by the head for all frequencies above
1500 Hz and consequentially less energy arrives at the shadowed ear than at the
non-shadowed ear. In these cases ILD becomes very important for correct percep-
tion of the azimuth.

The impact of the two selected factors has been shown and defined through vari-
ous listening experiments. Kistler and Wightman (1992) systemically manipulated
the ILD and ITD of virtual sound sources and concluded that ITD is of vital impor-
tance when localizing sources of low frequencies, while on the other hand ILD is
more important when dealing with sound sources of high frequencies (above 5 kHz).
The duplex theory is undoubtedly attractive and relatively simple to understand, but
it only explains perception of the azimuth or left—right direction (Macpherson and
Middlebrooks 2002). It was later shown that localization of sound sources cannot
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2.3 Localization of Spatial Sound 13

depend solely on binaural cues since relatively accurate localization in median
plane (6 =0°; 90° < J <90°) is also possible. In this case ITD and ILD are mini-
mal or close to zero. The latter indicates the importance of some additional factors
and monaural cues for sound localization. Nowadays it is generally established that
the shape and the size of the pinnae, head, shoulders, and other parts of the human
body are of key importance for accurate sound localization. They act as individually-
tailored filters which differ from person to person and specifically change the
frequency spectrum of all sound signals.

2.3.2 Frequency Response of Human Auditory Channel

The propagation of a sound wave in free space can be described as a time-
independent linear system. A response, y(t) , of such a system is usually defined
as the convolution of an input signal, x(r), and of a unit impulse response, h(t)
(Oppenheim et al. 1989):

y(t)=x(t)*h(r) (2.9)
A system response can also be defined in the frequency domain:
Y(0)=X(0)H (o) (2.10)

where Y (a)) and X (a)) denote Fourier transforms or frequency responses of out-
put and input signals, respectively, and H (a)) denotes the transfer function of the
system. In the case of the human auditory system, H (co) describes the acoustic
path between a sound source and an eardrum in the selected human ear, which
includes the impact of various body parts.

The significant importance of the frequency response of the human auditory sys-
tem for localization has been proven by various localization experiments with just
one ear (Wightman and Kistler 1997) or by manipulating the frequency spectrum
played to an individual ear (Langendijk and Bronkhorst 2002). These experiments
revealed the importance of different frequency bands for correct localization and
proved that a frequency band between 5.7 kHz and 11.3 kHz is vital for correct
localization of the elevation of a sound source. On the other hand, a frequency band
between 8 kHz and 16 kHz proved to be of vital importance for determining whether
a sound source is located in front of or behind a listener. Besides these broad direc-
tional bands, there are also various narrow peaks and notches in the frequency spec-
trum corresponding to certain locations.

Another experiment also demonstrated the importance of lower frequencies for
correct elevation localization (Algazi et al. 2001a). This part of the frequency spec-
trum is particularly influenced by reflections of sound waves from larger objects,
such as the head, torso, arms, legs, etc. The latter causes changes in ITD and ILD
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Fig. 2.5 HRIRSs (left side) and HRTFs (right side) of both ears measured at an azimuth of 25° and
an elevation of 0° (Sodnik 2007)

for different elevations and improves the accuracy of perception. It also depends on
whether a person is seated or standing, and still or in motion. Small head move-
ments also contribute significantly to the accuracy of localization. By tilting the
head slightly left or right, and thus placing the ears at different heights, some kind
of inter-aural cues can also be produced for vertical localization. However, this
effect can only be produced when listening to real sources or real speakers and not
in virtual conditions when using headphones.

2.3.2.1 Head-Related Transfer Functions

Individual body parts, such as the head, torso and pinnae cause specific and charac-
teristic changes in the frequency response which depend on the individual proper-
ties of a person. Due to this relation a transfer function H (a)) for each ear is called
Head Related Transfer Function (HRTF) (Cheng and Wakefield 1999). A single
HRTF therefore represents an individual’s left or right ear far-field frequency
response as measured from a specific point in the free field to a specific point in the
ear canal. In fact HRTFs for both ears are usually measured as Head Related Impulse
Responses (HRIRs) for arbitrary spatial positions (Fig. 2.5). The procedure will be
described in one of the following chapters.

The shape and the size of every human pinna are unique, so pinnae are like
fingerprints for each individual person (Rumsey 2001). HRTFs are, therefore, also
unique to each listener and almost impossible to generalize across the larger popula-
tion. Listening experiments with people who were given another person’s HRTFs
revealed a significant reduction of localization accuracy. After some time they were
able to slightly adapt to new localization cues and increase their performance.
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2.3 Localization of Spatial Sound 15
2.3.3 Loudness and Duration

Localization accuracy also depends on the loudness and duration of sound signals
(Macpherson and Middlebrooks 2003; Vliegen and Opstal 2004). The accuracy
improves linearly with the duration of the sound signals, but only until approx.
30 ms. No additional improvement has been shown when increasing the duration
beyond this limit. Similarly, localization accuracy improves rapidly with increased
loudness, but again only to approx. 55-65 dB SPL. For higher levels of SPL, the
accuracy drops rapidly.

2.3.4 Perception of Distance

The filtering of pinnae and HRTFs do not play an important role in detecting the
distance of an arbitrary sound source. The four most important acoustic factors for
the perception of distance are intensity of sound signal, ratio between the direct and
the reflected sound, spectrum of sound signal, and ITD (Begault 1991a; Zahorik
2002a, b).

As stated in Eq. 2.5, in ideal conditions the intensity of a sound source drops
linearly with the square of the distance. Doubling the distance corresponds to a
decrease in SPL by 6 dB. This factor could be problematic if the original SPL of
sound source changes with time.

A certain amount of sound waves from a specific source travels directly and
unobstructed to human eardrums while certain sound waves reflect from various
obstacles and surfaces in space and lose their power and intensity. This ratio of
direct to reverberant sound is directly related to the source distance, particularly in
enclosed spaces where multiple reflections occur (Rumsey 2001). The reverberation
time and the early reflection time enable the brain to acquire information on the size
of the surrounding space and the distances to various surfaces and sound sources.

The air as a typical medium for propagation of sound also causes some charac-
teristic changes in a sound wave. It attenuates high frequencies for several dB in
every 100 m. The sound spectrum is also affected and characteristically reshaped
due to various reflections in the acoustic path. Due to these two factors a sound
source at longer distances sounds more reverberant and with lower pitch.

2.3.5 Spatial Resolution of the Human Auditory System

By spatial resolution or Minimum Audible Angle (MAA) we refer to the capability
of the human listener to distinguish the difference between two individual
sound sources in near proximity. MAA defines the minimal spatial angle between
the two sound sources at which they are still perceived as individual sources.

Meta Platforms, Inc.
Exhibit 1063
Page 024



16 2 Spatial Sound

For smaller angles, the sources are perceived as just one single point source. This
limitation is of vital importance for the design of spatial auditory interfaces, since it
determines the maximal available resolution, similar to the resolution of computer
displays and other output devices.

MAA has been determined and measured with different experiments, including
real sound sources played through external speakers and virtual sources played
through headphones (Sodnik et al. 2005). The final measured resolution proved
to be significantly different for the azimuth and for the elevation. There is also a
significant difference in resolution between real and virtual sound sources. An aver-
age resolution in the horizontal direction was shown to be approx. 2° for real sources
and approx. 4.1° for virtual sources. For the vertical direction, the resolution decre-
ases to approx. 6° for real sources and to 23.5° for virtual sources.

2.3.6 Auditory Versus Visual Perception

Some basic limitations of human auditory perception can also be illustrated by
comparing the latter to human visual perception and the sense of sight. The visible
angle of the human eyes is approximately 80° in the horizontal plane and 60° in the
vertical (Perrott et al. 1991). The area of sharp vision or high focus is only approxi-
mately 2° around the central area of this window and decreases from the center to
the peripheral areas. Sound, on the other hand, is omnidirectional and has no such
limitations in perception.

The most important difference between auditory and visual perception is in their
information processing ability. The comparison between two perception mecha-
nisms can be illustrated as a comparison between two communication channels. The
visual channel can be represented as a parallel channel, while the auditory channel
acts as a serial channel. The reported bitrate for a visual channel presented with a
1024 x 1024 pixel bitmap image with 8-bit color depth is approx. 4.32-10°bits /s
(Koch et al. 2006). In the visual channel a great amount of information is perceived
simultaneously. The auditory channel, on the other hand, is much narrower with a
bandwidth of only approx. 9.900bits/s (Jacobson 1951), resulting in much lower
processing capabilities.

Visual information usually stays on the screen for a longer period of time and is
also processed in parallel, while perception of sequentially delivered auditory infor-
mation also depends on the above-mentioned PPAM. It sometimes has to be replayed
several times in order to be remembered and perceived correctly.

Since people are primarily visually oriented, their sense of sight is largely occu-
pied most of the time. It is therefore often insensitive to details and minor changes
in the perceived image. Sound, on the other hand, can draw our attention at any time
and is perfect for delivering temporally important information. The response time of
the human auditory system is also faster than the response time to visual stimuli
(Nees and Walker 2009).
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2.4 Generation of Spatial Sound 17
2.3.7 Attention and Distraction

According to Anderson (1990), attention is the behavioral and cognitive process of
selectively concentrating on one aspect of the environment while ignoring other
things, whereas distraction is the divided attention of an individual or group from
the chosen object of attention toward the source of distraction. Humans only have a
limited amount of attention at a certain times and their ongoing tasks can either use
the same attention resources or different ones (Navon and Gopher 1979; Wickens
1984). When the same resource is used in two or even more simultaneous tasks they
interfere with each other and their performance drops. A typical example of sharing
visual resources in different tasks is when operating a mobile phone or other com-
munication device through a visual interface while walking, cycling, driving, etc.
These are considered primary tasks and the use of a mobile phone causes distraction
from these primary tasks. On the other hand, the utilization of the same device
through an auditory interface would not compete for visual attention and would
result in lower distraction from the primary task.

The inter-distraction of multiple simultaneous tasks and the person’s ability to
pay attention to one selected task also depends on their complexity (Igbal et al.
2010; Lee et al. 2001; McKnight and McKnight 1993; Ranney et al. 2000). Studies
with drivers have shown that physical and cognitive distraction can also affect visual
attention, resulting in slower reaction times and decision-making, decreased perfor-
mance in visual search of patterns, and decreased driving performance in general
(Young et al. 2003). Regardless, attending to visual and auditory stimuli simultane-
ously is always easier than attending to two visual or two auditory channels (Hirst
and Kalmar 1987).

One additional aspect of auditory attention is a listener’s ability to detect an
individual sound signal from a background noise or from a stream of multiplexed
signals (Hafter et al. 2007). An example is the ability to concentrate and to listen to
a single talker in a multi-talker environment and to filter out the rest of the simulta-
neous sounds. This phenomenon is called the “cocktail party effect” (Cherry 1953;
Stifelman 1994) and its final affect depends on the distance of the talkers, the SPL
of their speaking, the individual characteristics of their voices, gender, etc.

2.4 Generation of Spatial Sound

The use of spatial sound in various applications and auditory interfaces requires its
generation and artificial creation of localization cues, as described in previous sub-
chapters. In the process of sound synthesis, all propagation paths from the source at
the desired position in space to human ears at another position have to be calculated
and applied correctly. They describe the geometric transformations of the sound
sources as they correlate to the acoustic environment. These calculations are rather
complex and require considerations of the physical dimensions of the environment,
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18 2 Spatial Sound

the exact positions of sources and listeners, as well as other objects and obstacles in
the acoustic path. In the previous chapter, we also described the importance of the
frequency response of the human auditory system and its role in localization perfor-
mance. Another more feasible and commonly-used approach is to take a binaural
recording of the acoustic path and acquire its transfer functions. This procedure is
described in the following chapters.

2.4.1 Measurement of Head-Related Impulse Responses
(HRIRs)

In order to generate accurate and authentic spatial sound, transfer functions of the
human auditory system have to be measured, including the individual properties of
the sound source, the acoustic path, the shape of the head, torso and pinnae, and the
acoustic equipment used in the measurement. Transfer functions of such complex
systems are commonly measured as impulse responses for each ear separately. In the
case of the human auditory system, these impulse responses are called HRIRs.

An example of the measurement of personalized or individualized HRIRs was
described by Sodnik (2007). The experiments took place in an anechoic and quiet
room in order to avoid reflections from any unwanted obstacles in the acoustic path
and also to avoid any unwanted noise. A listener or a test subject had to sit still in
the center of the room. Small microphones were inserted into the entrance of the ear
canal. Ideally the microphones should be positioned as close as possible to the ear-
drums, yet this is impossible with human test subjects. It has been shown that mea-
surements made at the entrance of the ear canal contain all the directional information
of the individual listener (Moller et al. 1995; Rumsey 2001). The ear canal response
has no directional encoding function. The center of the user’s head represented the
center of the virtual coordinate system (Fig. 2.3), which was also indicated with red
tape on the floor (see Fig. 2.6). The coordinate system was used to define the relative
spatial position of the sound source and the user.

The speaker was then placed in an arbitrary spatial position relative to the user
and an impulse response was measured for that spatial position. The speaker was
then moved to a new azimuth angle or lifted to a new elevation and the measurement
was repeated. In fact, this measurement had to be repeated for all desired spatial
positions. The procedure can be optimized and sped up by mounting a speaker on
a robotic arm which can move quickly to any spatial position within its range.
The alternative is also to have a speaker at a fixed position and to rotate and lift the
listener’s chair accordingly.

A unit impulse is a theoretical signal and cannot be used in practical measure-
ments. Instead, short sequences of pseudo white noise with a flat frequency spec-
trum were used as test signals. This test signal of length N (number of samples) was
then played from a speaker and simultaneously recorded with the two microphones
inserted in the listener’s ears. The transfer function of the system or the HRTF of an
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Fig. 2.6 Anechoic room
setup for the measurement
of HRIRs (Sodnik 2007)

individual ear could then be calculated as a ratio between the Fourier transforms of

played (H,,) and recorded (H,,) signals:
Hin Hin
HRTF,, = *— HRTF,, = —"— (2.11)
. out _left out _right

Impulse responses or HRIRs were then acquired by the inverse Fourier transform
of the calculated HRFTs. Similarly, impulse responses of acoustic equipment can
also be measured in order to be compensated for in the final HRIR measurements.
An example of pairs of HRIRs and HRTFs is shown in Fig. 2.5.

Technically speaking, HRTFs represent minimum-phase Finite Impulse
Response (FIR) filters for a specific spatial position, which also include information
on ITD and ILD (Cheng and Wakefield 1999). ITD or time delays are encoded into
the filters” phase spectrum, while ILD relates to the overall power of the filters.
HRTFs can also be represented as minimum-phase systems allowing us to separate
ITD information from the FIR specification. Minimum-phase filters have a mini-
mum group delay property and minimum energy delay property and most of the
energy occurs at the beginning of their impulse response. In the case of HRTFs, left
and right minimum-phase filters both have zero delay. Consequently, the complete
information on a specific spatial location consists of only left and right magnitude
responses and the corresponding ITD.
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HRIRs of the left and right ear can now be used as FIR filters of length N to
manipulate various sound sources to be virtually played from the spatial position
where original HRIRs were measured. An arbitrary mono sound signal can be
enriched with spatial properties by calculating the convolution between the two
filters and the signal itself:

N-1

Xiop 0.2 [n] = Zx[n - k] hrirh,ﬁ’@’(Zj [k] (2.12)
n=0
N-1

Xright, 0.0 [”] = Zx [n _k]hrirn‘ghlﬂ.g [k] (2.13)
n=0

where x denotes the selected mono sound signal, hrir,,,, and hrir,,, , denote
the appropriate impulse responses, and the calculated x,,,, and x,, ,; denote
the target signals representing spatial sound x at azimuth 6 and elevation & .

The procedure described above requires measurements for each person and for
each spatial position. Individualized HRIRs are very accurate and only enable correct
localization for the person participating in the measurement. For any other person the
error is approximately similar if using another person’s HRIRs or a set measured with
artificial heads. It has been found that some people localize sound much better than
the others and their individual HRIRs perform better for a wider range of people
(Begault 1991b; Rumsey 2001). It has also been proven that people can gradually
adapt to a new set of HRIRs and increase localization performance over time.

2.4.1.1 Dummy Heads

Measurements of HRIRs can be very inconvenient for a person involved as a test
subject due to the long duration of the test and the unpleasantness of putting micro-
phones into one’s ear canals. Unwanted movements and noises of the human test
subjects can also affect the final results. HRIR measurements are therefore often
simplified and done with mannequins and dummy heads (Fig. 2.7). These are mod-
els of human heads with microphones built into the ears. Some models of dummy
heads include shoulders or complete torsos since reflection from shoulders also con-
tributes to the shape of the final HRIRs. The ears of these dummy heads can often
be changed and therefore vary in shape and size.

Measurements with dummy heads result in non-individualized or generalized HRIRs
which are less accurate and result in poorer localization performance. On the other hand,
they can be recorded much faster and for a larger number of spatial positions.

2.4.1.2 Equalization

Recording and reproduction of sound involves different equipment with its own
frequency response, which is also reflected in the final output (White and Louie
2005). In the case of HRIR measurements, the goal is to solely measure the
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Fig. 2.7 Neumann KU
Dummy Head Microphone
(Performance Audio 2014)

frequency response of the acoustic path between a speaker and the entrance to the
ear canal. The response should therefore not reflect the frequency characteristics of
the speaker, microphones, sound cards, amplifiers, etc. A process called equaliza-
tion is used to alter these responses with special linear filters in order to make them
more or less flat. The filters represent antiphase versions of their own frequency
responses.

In the reproduction process the headphones should also always be equalized.
They should have flat response at the point in the ear where the binaural recording
microphones were originally inserted. Sometimes we want to emulate the free-field
response, which also includes the timbre of sounds produced by the loudspeakers.
In the process of headphone equalization the timbre can also be artificially added to
their frequency response. On the other hand, such equalization affects the direc-
tional information in the reproduced spatial sound and decreases the localization
accuracy. Therefore, there is always an inevitable tradeoff between accurate timbre
matching and accurate localization.

2.4.2 Interpolation of HRIRs

With real test subjects or with dummy heads, HRIRs are always measured at a finite
number of points in space. In order to provide a continuous source-position domain,
different interpolation techniques can be used in a time or frequency domain. One
of the simplest procedures is a time-based linear interpolation (Sodnik et al. 2005),
which has proved to have the largest signal-to-deviation ratio. A simple linear inter-
polation is the most appropriate method for interpolating functions where azimuth
spacing is less than 10°. The first step of interpolation requires two impulse respon-
ses with neighboring azimuths 6, and 6, and common elevation & to be aligned
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Fig. 2.8 Linear interpolation of intermediate impulse responses (Sodnik et al. 2005)

on the time axis. The latter requires the determination of their relative delay. Since
impulse responses of all neighboring HRIR’s are very similar, the delay can simply
be extracted as the position of the maximum of the cross-correlation function:

N-1
Re, 0.0 [m] = %Z“hrirgl > [n]hrirgz’z [n + m] (2.14)
n=1

where hrir, , and hrir, ;, denote the two neighboring HRIRs and N denotes the
number of samples in both impulse responses. The delay As expressed in the num-
ber of samples can now be extracted as the position of the maximum of Eq. 2.14.
The new interpolated HRIR is now equal to:

AL 2.15
n 3 (2.15)

{ As} B hrirgI > [n]-i—hrirgzﬁ [n+As]
%]

hrir(ol +0,)
T

A new HRIR with the azimuth at the center of any two neighboring HRIRs can be
interpolated with linear interpolation (Fig. 2.8). Similarly HRIR’s for unmeasured
elevation angles could also be gathered with a similar procedure.
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2.4.3 Public HRIR Libraries

Numerous free and publicly-available HRIR libraries can be found on the internet,
the majority of which comprise measurements for more than 500 spatial positions
and for many test subjects. The two most popular and widely-used libraries in aca-
demia are the MIT Media LAB HRIR library (Gardner and Martin 1994) and the
CIPIC library recorded at U.C. Davis CIPC Interface Lab (Algazi et al. 2001b).

The MIT library consists of measurements for 710 spatial positions covering
azimuths from 0° to 360° with a resolution of 5° and covering elevations from —40°
to 90° with a resolution of 10°. The measurements were acquired with the artificial
mannequin called Kemar. For each position there is a pair of FIR filters for each
individual ear, consisting of 512 samples in all.

The CIPIC library consists of measurements for 1250 spatial positions and for
45 test subjects, including artificial heads and real test subjects. In this case, the
spatial resolution is 5° for the azimuth and elevation. The length of FIR filters is 200
samples.

2.4.4 Modeling HRTFs

The majority of HRIR libraries contain a set of FIR filters systematically arranged
to cover multiple spatial locations. Let us consider a set for 1500 spatial positions
which contain 3000 filters (for both ears), each consisting of 1024 coefficients. In
total, such a library contains 3000 x 1024 =3,072,000 coefficients. Reproduction of
the spatial sound in real time with the aid of these filters requires enormous compu-
tational power and memory. Various studies have focused on finding a simple and
more efficient definition of HRTFs. Infinite Impulse Response (IIR) filters represent
a promising solution, as they enable specification of transfer functions with signifi-
cantly fewer coefficients. Long impulse responses describing various properties
of an acoustic path can be defined with only a few poles. A combination of zeros
(Haneda et al. 1999) and poles (Kulkarni and Colburn 2004), or just poles, in an IIR
filter can accurately define system response for a specific spatial position. Another
approach is to model HRTFs with a set of resonators that represent recursive filters
with a complex conjugate pair of poles on the unit circle (Susnik et al. 2003). This
model consists of six resonators, a notch filter, a delay unit, and an amplifier. The
central frequencies of the resonators and the notch filter have been set empirically
by visually fitting an original and modeled HRTF.

The compression of data with the aid of Principal Component Analysis (PCA) is
also feasible and represents an interesting alternative to the FIR representation of
HRTFs (Kistler and Wightman 1992; Sodnik et al. 2006). It is based on the pre-
sumption that there is a significant amount of redundancy in HRTFs when compar-
ing responses for different azimuths. Subjective tests confirmed that a set of 37
HRTFs can be accurately represented with only a few PCA coefficients and their
corresponding weights (Sodnik et al. 2006).
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24 2 Spatial Sound
2.5 Reproduction and Rendering of Spatial Sound

The most common device for sound reproduction is a loudspeaker. It is an electro-
acoustic transducer which produces sound based on an electrical input signal. In the
case of spatial sound, at least two speakers are required in order to reproduce binau-
ral differences and artifacts.

2.5.1 Headphones

Reproduction based on headphones is significantly different from any external loud-
speaker configuration since it can directly feed each ear with an individual sound
signal or channel. The two signals contain the correct ITD, ILD and inter-aural
spectral differences. HRTFs and HRIRs can therefore be directly applied for the
reproduction of spatial sound through headphones. Any mono signal can simply be
filtered with the corresponding pair of HRIRs and played from a virtual spatial
position.

However, there are still several important problems related to the correct
and authentic reproduction of spatial sound through headphones (Rumsey 2001).
We have already described the problem of the individuality of HRIRs, which pre-
vents correct generalization for a wide range of listeners or results in a significant
decrease of reproduction quality.

The other problem is a lack of head movements, which help to resolve direc-
tional confusion in real-life listening especially front—back confusions. Head move-
ments can be simulated by using a head tracker which provides real-time information
on current head position and orientation. This information enables modification and
adaptation of binaural cues in current HRIRs emulating realistic changes in signals
sent to the ears when moving the head. Such real-time adaption and calculations of
new responses requires large processing power, as the final latency cannot exceed
85 ms.

There is also no visual feedback on the position of the loudspeakers, which can
help to determine the correct position of the sound source. This can only be resolved
in a 3D virtual reality environment which incorporates visual and audio information
and provides visual cues on the position of loudspeakers.

2.5.2 Binaural Signals on Loudspeakers

Sometimes we want to play binaurally-recorded signals on loudspeakers. They are
placed at a certain distance from the listener and the crosstalk effect occurs (Rumsey
2001). Each ear receives signals from all loudspeakers and it is impossible to play
only one channel to one selected ear. In the case of stereo loudspeakers, the left ear,
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Fig. 2.9 Conventional Signal for Signal for
crosstalk cancellation for left ear right ear
stereo loudspeakers

(Rumsey 2001)
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for example, receives the left channel first, since the left loudspeaker is usually
physically closer. Just a fraction of time later, it also receives the right channel or the
sound signal from the right loudspeaker. Both received sound signals are naturally
filtered with HRTFs corresponding to the positions of the loudspeakers relative to
the listener. This results in inaccurate binaural cues at the listener’s ears and pre-
vents correct spatial sound reproduction.

With some additional processing, it is possible to preserve full 3D perception of
loudspeakers by correcting or removing the crosstalk effect. The procedure is called
crosstalk canceling or transaural processing (Jo et al. 2011). The idea is to the feed
the left ear with only the left channel and the right ear with the right channel. This
is possible by also feeding the left ear with the antiphase version of the right channel
and the right ear with the antiphase version of the left channel. Both antiphase sig-
nals have to be filtered and delayed according to the HRTF characteristic of the
crosstalk acoustic path (Fig. 2.9).

Crosstalk cancelation enables authentic perception of sound sources at any spa-
tial position. Although only two speakers placed in front of the listener are used for
reproduction, the sound can be perceived as coming from behind the listener. The
major limitation of this approach is a rather small hot spot of accurate perception.
A small displacement can cause completely inaccurate perception and the spatial
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effect disappears. Due to the small hot spot, it is almost impossible to support
reproduction for several listeners simultaneously and to achieve a certain degree of
robustness in such a system.

Some examples of successful and accurate solutions with crosstalk cancelation
are 3D audio systems for desktop computers or home theater systems. Listeners are
almost stationary in these environments and their position is well known. The
designers and manufacturers of these systems must find a tradeoff between localiza-
tion accuracy, support for multiple listeners, and robustness.

2.5.3 Virtual Surround Systems

HRTFs and binaural processing techniques can also be used to create a virtual sur-
round system where only two loudspeakers can simulate five or even more virtual
loudspeakers. In the case of a virtual surround system that consists of five speakers,
three speakers have to be virtualized (C—central; RR —rear right; RL—rear left).
The biggest challenge is to virtualize two rear speakers which have to produce
sound from behind the listener. All virtual speakers have to be binaurally processed
with the corresponding HRTFs, usually one for the central position (6, =0°), and
the two rear positions (8, =110° and 6, =-110°). These are the conventional
positions of speakers in 5.1 surround systems. A special processing unit for cross-
talk cancellation eliminates crosstalk effects and mixes transaural virtual channels
with the front left and front right channel (Fig. 2.10).

Such systems are very appropriate for environments where real loudspeakers
cannot be used for various reasons. They can be implemented as software compo-
nents in consumer televisions and are optimized for a relatively wide listening area.
The localization accuracy of rear virtual speakers drops significantly if a listener
moves out of the hotspot. However, the correct localization is usually not that
important, as surround channels for the majority of entertainment content are not
meant to be very precisely localized.

2.5.4 Virtual Acoustic Environments (VAEs)

Binaural processing and spatial sound rendering require the computationally-
intensive synthesis of appropriate frequency responses. In order to implement meth-
ods and tools for the virtual positioning of sound sources based on the algorithms
described in previous chapters, a synthesis has to be conducted offline or with
highly-specialized hardware. Simplified processing techniques that only emphasize
alimited number of directional cues and parameters are commonly used as a tradeoff
between localization accuracy and computational demands. For real-time reproduc-
tion of spatial sound within an application for desktop or mobile computers, it is
very convenient to use one of the available virtual acoustic environments (VAESs)
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(Miller and Wenzel 2002; AstoundSound 2014). Different VAE applications address
different aspects of spatial sound synthesis and listening experience and also require
different software and hardware rendering systems. They can be utilized as inde-
pendent applications for sound rendering or integrated into custom software based
on predefined Application Programming Interfaces (APIs). In this chapter, we list
the basic properties of three widely-used VAEs found on the market, which were
also used in our previous research.

2.54.1 OpenAL

OpenAL was originally developed by Loki Software (2000) and later maintained by
the open source community. It is supported by a variety of platforms, but it is now
hosted by Creative Technology (Creative 2014) and therefore proprietary. An open
source alternative is also available that it is called OpenAL Soft (OpenAL Soft 2014).

The library represents an audio API for efficient rendering of multichannel 3D
positional audio (OpenAL 2014). The programming conventions and APIs resemble
OpenGL (OpenGL 2014), which is a well-known and widely-used graphic library
for rendering 2D and 3D vector graphics. It supports the generation and reproduction
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of multiple sound sources at different spatial positions for a single listener, which
can also be positioned in space (OpenAL 2014). All spatial locations are expressed
as floating-point vectors in a right-handed Cartesian coordinate system (RHS),
where in a frontal default view X points right, Y points up and Z points toward the
viewer (OpenAL 1.1 2005). A listener L at the origin and two sound sources §; and
S, left and right of the listener would, for example, be defined as:

L=[0.0£,0.0£,0.0f].S, =[-10.0£,0.0£,0.0f],S, =[10.0£,0.0£,0.0f] (2.16)

Sources are addressed as source objects that contain information on the position,
velocity, direction and the intensity of sound. They operate as pointers to special
buffers with corresponding audio data in an 8- or 16-bit Pulse-Code Modulation
(PCM) format. The listener object also contains information on position, velocity,
orientation and gain. Orientation is defined as two floating-point vectors specifying
the “at” and “up” direction. The “at” vector represents the forward direction of the
listener, and the orthogonal projection of the “up” vector into the subspace perpen-
dicular to the “at” vector represents the “up” direction. For example, if a user faces
forward and away from the camera (in the —Z direction) with the crown of their head
facing upward (in the Y direction), the orientation would be defined as:

Lpionaion ={(0.0£,0.0£,=1.01),(0.0£,1.0£,0.0f)} (2.17)

The single-listener mode represents the main limitation of the OpenAL library, as it
is not appropriate for environments with multiple human participants.

OpenAL is supported by all major platforms, including mobile platforms such as
Android, BlackBerry and iOS. It also utilizes an extension mechanism which
enables individual vendors to include their own extensions in the original library. In
this way they can expose and utilize different features of their proprietary hardware.
The OpenAL library supports headphones and various configurations of loudspeak-
ers for the reproduction of spatial sound.

2.54.2 Slab3d

Slab3d is another real-time positioning library based on 3D sound processing
(Miller and Wenzel 2002; Slab 2014). It was originally developed by the Spatial
Auditory Displays Lab at NASA Ames Research Center and was released under a
free public license for non-commercial use. Its goal is to provide an experimental
platform with low-level control of various signal-processing parameters, such as
number, fidelity and positioning of reflections, latency, update rate, etc. It also
allows the user to allocate sound sources, define an acoustic scene, configure frame-
accurate callbacks and control rendering. HRTF databases are used for binaural
processing. It can be utilized through well-managed API for specifying an acoustic
scene and setting low-level parameters. It can also take advantage of improvements
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in hardware performance without extensive software revisions. However, it only
supports the Windows operating system from version 2000 on.

Slab3D uses a left-handed Cartesian coordinate system. In this case +X faces to the
front through the nose, +Y faces left and +Z faces up through the top of the head.
Orientation is defined by yaw (rotation around the X axes), pitch (rotation around the
Y axes) and tilt (rotation around the Z axes). It also supports a polar coordinate system
where azimuth, elevation and range correspond to the system defined in Fig. 2.3.

Its main advantage is support for numerous input and output formats and devices,
such as Waveform-audio devices, 8- or 16-bit PCM disk files, memory-buffered
files, recorded inputs, various internet files, etc. Headphones have to be used for
reproduction of synthesized spatial sound.

2.5.4.3 SoundScape Renderer

SoundScape Renderer (SSR) is another open-source tool for real-time spatial audio
reproduction, currently only available for Linux and MacOS platforms (SoundScape
Renderer 2014). It was developed at the Quality and Usability Lab at TU Berlin
(2014) and is now being further developed at Institute of Communications
Engineering at the University of Rostock (2014).

It provides a variety of rendering algorithms for wave field synthesis, vector-based
amplitude panning, dynamic binaural synthesis, binaural room synthesis, etc. (Geier
and Spors 2012). The signal-processing core supports multi-threaded processing and
the independence of the audio backend. It supports headphones and loudspeaker-
based output configurations. In the case of headphones, there is also native support
for a number of head trackers. Additionally, any program that produces audio data or
any live input from audio hardware can be connected to the SSR and used as a source
input.

SSR can be utilized with a built-in GUI or via a propriety network interface.
Sound sources with corresponding spatial positions are presented in a spatial audio
scene, which can also be saved or loaded from an Extensible Markup Language
(XML) file. All SSR rendering modules are available as a software library, which
can be used as a stand-alone program or as a plug-in in external audio software. Two
important limitations of SSR are the limitation of source positions to the horizontal
plane and the possibility of only storing static audio scenes.

2.6 Conclusion

This chapter presented the basic properties of the acoustic wave and its propagation
in space. It also explained the functioning of the human auditory system and its
limitations, with an emphasis on the localization of spatial sounds. It has been
shown that the ability of localization depends on the position of the source relative
to the user and the spectral content of the source. The human auditory system uses
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binaural and monoaural factors to extract the position of any sound source, some of
which have to be learned and trained during childhood. Knowledge and understand-
ing of these localization cues enable us to generate and reproduce virtual spatial
sound sources by applying prerecorded filters and interpolation algorithms. The
complexity and accuracy of the reproduction depends on the available software and
hardware.
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Chapter 3
Auditory Interfaces

People are very social beings and interact with their environment in many ways
(O’Shaughnessy 2003). Information can be received through seeing, hearing, smell-
ing, tasting or feeling, while, conversely, it can be sent back into the environment
visually, vocally, and through body gestures. Interaction between a user and a
machine is performed through a user interface that consists of various hardware and
software components. Its main functionality is to transform the users’ orders and
requirements into a set of machine commands and also to provide the corresponding
feedback to the user, preferably in real-time. The available communication channels
between a user and a machine are limited by human senses and their capabilities on
the one hand and the technological restraints of input—output devices on the other.
The primary communication channels for the majority of people are seeing and
hearing, and consequentially visual and auditory interfaces are the dominant types
of user interfaces in the HMI domain. The major paradigm of our times is undoubt-
edly mobility. The mobile life, such as driving a car, cycling or walking, requires a
lot of visual attention. Interacting through a visual interface in these situations leads
to distraction from one’s primary task and consequently to a difficult, dangerous,
ineffective and potentially frustrating user experience. In this chapter we present the
basic properties and advantages of auditory interfaces that offer an excellent alter-
native to Human-Machine Interaction (HMI) in visually-demanding mobile situa-
tions. Auditory interfaces are very flexible and they do not interfere significantly
with the reception and processing of visual information.

3.1 User Interfaces

In the visual domain, Graphical User Interfaces (GUIs prevail and allow users to inter-
act with computers through graphical icons and more complex structures (Martinez
2011)). They successfully succeeded Command-Line Interfaces (CLIs) that required
the user to know all the commands by heart and to enter them through a keyboard.
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Nowadays, GUIs represent a major component of all modern operating systems. GUIs
can be displayed in a number of visual displays and screens, including head-mounted
displays and head-up displays in vehicles. They are typically used through direct
manipulation of various graphical elements and also often referred to as WIMP
(Windows Icons Menus Pointers) interfaces. Different input devices can be used to
interact with GUI, such as the computer keyboard (as well as the virtual keyboard
used in modern mobile devices) and pointing devices (mouse, touchpad, joystick,
etc.). GUI design approaches and interaction metaphors are also commonly adopted
in various auditory displays, which will be described and evaluated in this chapter.

The sense of touch is also used in HMI, as it represents a base communication
channel for so-called haptic or tactile displays (Answers 2014). By tactile we refer to
touch-based interfaces where the texture of a surface or selected device holds certain
information about the system. Braille keyboards, for example, belong to the group of
tactile devices that provide a tactile reading system for visually-impaired and blind
users. Haptic interfaces, on the other hand, are force-based and require human mus-
cles to be involved for the perception of information. Virtual reality systems often
include haptic feedback devices to increase the realism of perception or, for example,
force-feedback joysticks and steering wheels in gaming and simulation software.

The third major group is represented by auditory interfaces which use sound and
the human auditory channel to exchange information between users and various
types of computers and information systems. They are bidirectional interfaces that
provide input and output mechanisms. For the input, machine listening and speech
recognition systems are used to capture sound events and transform them to com-
puter commands. Output technologies are often referred to as auditory displays that
transmit information from a system to a user.

3.1.1 General Properties of Auditory Interfaces

Auditory interfaces have gained importance due to the growing need for ubiquitous
or embedded interactivity. These terms refer to interactivity with mobile and wear-
able devices with a wide set of functionalities and usage scenarios where visual
interaction is difficult and display size is limited. Mobile devices tend to be smaller
and lighter, forcing the display sizes to be kept to a minimum or even abandoned.
Another common problem of ubiquitous interactivity is the user’s occupation with
another primary activity while the interaction with intelligent devices is of second-
ary importance. Typical examples of such primary activities are walking, running,
cycling, or driving, where human visual attention is focused on navigation and ori-
entation. Visual interaction, such as reading from a screen and processing the con-
tent, is significantly impaired while also causing a significant distraction to the
primary activity. Auditory interfaces require much less physical activity and rely
mostly on the hardware, with processing and memory capacity coupled with the
microphone or speaker(s). Processing and memory units are becoming smaller and
cheaper and are do not limit the final size of the mobile device.
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Auditory displays have been used for many decades, mainly as alarms and
feedback tools (Peres et al. 2008). The Morse code used in early communications is
an example that dates back to the 1800s. The majority of modern auditory interfaces
are still limited to very simple warning sounds and beeps that inform the user about
some background processes or events which require user action (Gardenfors 2001).
Examples of such events are opening or closing a program, pressing keyboard or
mouse buttons, incoming emails, operating system errors, low battery levels, etc. In
the case of mobile phones and other mobile devices, sound alarms are vital for
attracting immediate attention, for example in the case of received messages, emails,
or phone calls. Some modern operating systems use additional, albeit optional,
sounds and music clips to provide a multimedia experience and to enrich overall
user satisfaction. In some cases sounds can be used to communicate ongoing pro-
cesses such as downloading or uploading files, deleting files, emptying the recycle
bin, etc. Computer games and multimedia software use more advanced sounds,
including multichannel and spatial audio. In these cases sound is used to enhance
the user’s immersion and to improve interaction.

Sounds with crucial information about some ongoing activities have different
attributes than sounds used just as complement visual information (Gardenfors
2001). The first group of sounds represents the main feedback about the system
(such as auditory interfaces for visually impaired people), in-vehicle information
systems, telephone-based interfaces, portable hands-free devices, etc. These sounds
are played frequently and sometimes very loudly, and should therefore be very com-
prehensive and simple in order not to be noisy or annoying.

The second group of sounds is used mainly to complement visual interfaces and
to enhance the HMI by making it more natural and pleasant. Due to different prop-
erties and limitations of human visual and auditory channels, each interface group
addresses different aspects of interaction. The visual channel enables efficient
detection of specific and detailed information within a small area of focus. Sounds
on the other hand can represent subtle and non-disturbing background events. Music
in movies can, for example, convey information to the audience without interfer-
ence with the main video content. Sometimes the sound can be so subtle it is only
perceived subconsciously.

Auditory interfaces as they are experienced now can be more advanced and sophis-
ticated primarily due to the increasing availability of processing power and memory,
which provides the technical background for creating these interfaces (Peres et al.
2008). This field of research is currently experiencing exponential growth, but still
lacks the lexicon and taxonomy for different types of auditory interfaces.

There are three different classifications of auditory displays, divided based on the
application, user, and sound orientation (Johannsen 2004). Application-oriented
classification divides auditory interfaces into:

* vehicular guidance: aircraft and automotive,

* medicine: intensive care units, operation theaters, monitoring of life supporting
functions,

e cinemas and the entertainment industry,
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* industrial plants,
* mobile devices,
e etc.

User-oriented classification divides auditory interfaces into several dimensions
concerning different classes of users, communication with individual preferences
and needs, and individual users’ capabilities (Johannsen 2004). Users can, for
example, be classified as:

* operators,
* engineers,
* managers,
* sportsmen,
* efc.

Their individual capabilities can, for example, additionally classify them as:

e experts,

* novice users,

e occasional users,

¢ disabled users,

e musicians or non-musicians,
e etc.

The third classification is based on sound orientation and divides auditory inter-
faces into speech-based and non-speech-based interfaces. Each group provides dif-
ferent functionalities and offers different advantages and disadvantages. In this
chapter we use the sound-oriented classification and summarize the basic properties
of speech-based and non-speech-based auditory interfaces. In Chap. 4, where we
focus particularly on spatial auditory interfaces, we use the application-oriented
classification.

3.2 Speech Interfaces

Speech interfaces are based on human speech which can be detected and recog-
nized, recorded and replayed or synthesized by the computer. Speech is the funda-
mental and most natural mode of communication between humans and is therefore
learned from an early age. The main idea and goal of speech interfaces is to provide
this natural communication and interaction with computers, mobile devices, wear-
able devices, home appliance, etc., as well. Ideally the user is not required to learn
how to use an individual interface or to memorize any commands or interaction
patterns. On the other hand, if the language supported by the interface is not under-
stood by the user, the interface is more or less useless.

There are at least two fundamental advantages of speech (Rosenfeld et al. 2001).
It can be described as an ambient medium that allows simultaneous speech and
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visual interaction without severe interference. Speech has also proved to be more
descriptive than referential, requiring objects of interaction to be described by their
properties. In visual interaction the same objects can simply be just pointed to or
grasped. It is therefore possible to complement and combine speech and pointing as
multimodal interaction.

Simple and less-intelligent machines and devices are the most convenient for use
with speech interfaces (Rosenfeld et al. 2001). In this case, a user can get a mental
model of a machine’s capabilities and its current state through a vocal description.
Unfortunately, a user often has to adapt to the “machine’s natural language” and
produce a set of simple and predefined voice commands and instructions.

3.2.1 Technical Background

The two mechanisms related to HMI via speech are Text-To-Speech (TTS) synthe-
sis and Automatic Speech Recognition (ASR). We summarize some basic proper-
ties of the two processes based on O’Shaughnessy (2003). TTS simulates a person
speaking, while ASR simulates a person who is listening. They represent a techno-
logical ground for transforming speech to text and text to speech, respectively.
Understanding speech and its content is also vital for successful TTS and ASR.

ASR has proved to be more difficult than TTS due to the unreliable segmentation
of recorded speech into smaller units, such as words and phrases, or in some cases
phonemes. These small linguistic units have complex relationships to aspects of the
acoustic speech signal. TTS, on the other hand, receives text as an input and divides
it to letters and words. The segmentation of text is in general much simpler than
segmentation of live speech. Another issue contributing to the different difficulties
of these two processes is the human capability to adapt. Having a human listener as
areceiver and interpreter of speech is a great advantage due to the simple and almost
subconscious adaptation to an unusual accent or poor quality of synthesized speech.
In the case of ASR, machine algorithms face many difficulties adapting to various
speakers, their accents, individual vocal properties, talking pace, etc. People never
say the same thing in exactly the same way twice.

Speech recognition and synthesis mimic human behavior and require a design
approach based on Artificial Intelligence (AI). For the Al it is important to under-
stand the mechanisms used by humans to perform and accomplish individual intel-
ligent tasks. Unfortunately, the majority of intelligent tasks are performed by the
brain, which is still the least understood organ—its internal processes related to
different activities are mostly unexplained. Therefore, Al research focuses predomi-
nantly on the functioning of peripheral organs and their role in the processing activi-
ties of intelligent tasks. In the case of ASR and TTS processes, it is therefore well
know what is happening in different regions of the human ear and also different
regions of the vocal organ. The role of the brain in converting linguistic concepts
into the muscle activity of the vocal organ or in interpreting electrical signals from
a large number of hair cells in the inner ears is almost entirely unknown.
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An important building block of all ARS and TTS systems is their vocabulary.
The majority of languages consist of thousands of words, forming trillions of differ-
ent sentences. It is therefore impossible to record and store all possible sentences. In
practice, a typical vocabulary for speech synthesis or recognition stores units smaller
than full sentences, for example words or even smaller linguistic units. A set of
words is limited by the dictionary defined for an individual speech application,
which also has to store their pronunciations. It is always limited and should be
known and obeyed by the user speech interface. However it is always difficult to
avoid the appearance of unknown words and phrases produced by users. In the case
of TTS, there are different universal synthesis algorithms that handle words which
are not contained in the dictionary, while in the case of ASR the unknown speech is
labeled as out-of-vocabulary and ignored. In the future the size of dictionaries is
expected to increase due to larger capacities of memory units.

Speech communication can also sometimes take place when audible acoustic
signals are unavailable (Denby et al. 2010). Such systems, called Silent Speech
Interfaces (SSI), could be used as an aid for the speech handicapped or as parts of
communication systems in silent or very noisy environments. SSIs are currently
still in the experimental stage based on several different types of technology. The
most promising technological approaches include the capture of movement of
fixed points on the articulators using electromagnetic articulography, performing
real-time characterization of the vocal tract with ultrasound, optical imaging of
tongue and lips, etc. The details on these technologies and several others proposed
for SSI can be found in Denby et al. (2010), although they all require significant
advances in instrumentation and signal processing in order to become fully
functional.

The technical background and details of individual processing steps in speech
interfaces can be found in O’Shaughnessy (2003). Nowadays commercial speech
synthesizers are widely available for all major world languages with very high
speech quality and intelligibility. The development of processing power and
increased memory capacity have made it possible for synthesizers to run on any
software.

3.2.2 Design Alternatives

There are several possible approaches to the creation of human-friendly speech sys-
tems (Rosenfeld et al. 2001). The ideal case would be to allow the user to use uncon-
strained natural language with spontaneously-formulated speech for interaction
with a device, while at the same time knowing only the domain of operation and its
specifics. Since in this case the user is not forced to adapt to any limitation of the
speech interface, it is up to designers and developers of the interface to deal with the
unlimited set of spoken words and phrases. The task is nearly impossible, as all
computing systems and humans have limited knowledge, processing and memory
capacity.
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A more realistic approach is to limit the user with a predefined dictionary of
available commands and words. Two examples of such limited speech interfaces
are dialog trees and command and control interfaces. In the case of dialog trees,
domain activities are broken down into a sequence of hierarchically-organized
levels with several choices. At each level a user can select only one command
from several available options, which should always be presented to a user when
the individual level within the tree is reached. The main drawback of such systems
is their tree structure, which prevents a user from skipping several levels and
directly accessing the point of interest. It is also difficult for the designers to add
new functionality or new choices to the system, since it requires the rebuilding of
the entire tree structure.

Command and control interfaces also reduce complexity by only defining a short
dictionary of possible phrases. The set of phrases is then combined with custom
input variables to form various speech commands. One example of such an interface
is an in-vehicle speech interface for operating a mobile phone where a driver can
simply say “CALL” and add the name of the selected person from the contacts list.
Such interaction can be very efficient, presuming that the user has the necessary
knowledge about the domain in which the system operates. However, command and
control interfaces require the user to learn the language of the system, which makes
them unfeasible for multiple applications that are different and operating domains.

3.2.3 Constraints and Limitations

In practice, there are several important limitations and issues related to modern
speech interfaces. The input interfaces are based on voice- or speech-recognition
mechanisms which translate individual words or voice commands into a set of com-
puter instructions and input commands. The main problem of speech recognition
systems is their relatively low robustness and accuracy. It is nearly impossible to
build a robust recognition system which can be used in heterogonous environments
with unpredicted and highly-dynamic noise conditions. The robustness also
decreases as the number of different users and voices is increased, due to individual
vocal properties and limitations. The majority of speech recognition systems work
very well in a controlled and limited environment, with a limited number of users
and limited number of available and recognizable voice commands and phrases.

The lack of robustness and the low recognition ratio can be frustrating and
unpleasant for users, offering a bad user experience and general dissatisfaction with
the entire system. The other major problem of speech interfaces is a lack of privacy
and anonymity for users. Speech commands and phrases have to be spoken aloud
and very clearly in order to be recognized correctly. They are therefore very unsuit-
able for offices and other rooms with multiple users.

On the other hand speech is a slow mode of communication (Gardenfors 2001). It
is very inconvenient to use speech to accompany ongoing processes. No one would,
for example, be interested in listening repeatedly to the words “copying, copying,
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copying” while a file is being copied from one location to another. Speech should
therefore be avoided as routine task feedback. It is also very precise and requires high
levels of human attention and focus to be processed and understood successfully.
Spoken sentences have to be heard from the beginning to the end in order for their
meaning and message to be perceived correctly. Sometimes many words have to be
used to describe something very simple and with low information content.

Due to above-mentioned constrains speech interfaces have still not reached their
full potential (Rosenfeld et al. 2001). Their impact has currently been limited to
places where their utilization offers great advantages over existing user interfaces.
The main limitations which should be addressed and improved in the future are
recognition performance, accessible language for all users, and a complicated and
sophisticated development process.

3.3 Non-speech Interfaces

Non-speech auditory interfaces use natural or artificially-created sounds to describe
different types of information, symbols or metaphors. There are several different
classifications or categorizations of non-speech interfaces based on the choice of the
used sounds, the method of mapping sound to information, or the functionality that
the sounds have provided (Gaver 1997). The choice of sounds used in auditory
interfaces includes simple multidimensional tones, music tones, and everyday natu-
ral sounds. The way sound is mapped to the information can be completely arbitrary
and non-intuitive, or very metaphorical and intuitive. The functionalities of non-
speech interfaces vary from simple alarms and warning systems to the exploration
of complex multidimensional data. Sounds, mapping, and functions are closely
related and form different areas of the space.

3.3.1 Sonification

A typical form of using non-speech sounds for representing complex and multidi-
mensional data is data auralization or sonification (Gaver 1997; Peres et al. 2008).
Sounds can be used to simply enhance visual display or to represent an independent
interface by mapping data parameters to sound parameters. These can be individual
tones or a continuous stream manipulated by the changes in the data. Simple sonifi-
cation is often used in computer programs and operating systems or various moni-
toring systems that require the user’s attention at critical moments.
Multidimensional data that consists of a large number of points should be soni-
fied as an integral whole, allowing a user to perceive various high-level patterns. Let
us imagine an example of the sonification of temperature and humidity levels in
different rooms in a building. Key issues related to such complex mapping are:
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* how to choose the most appropriate set of sounds to be associated with the
variable they present (e.g., should each room be represented with different char-
acteristic music?),

* how should changes in variables be reflected in sounds (e.g., by changing pitch,
amplitude, position),

* how sound properties should be changed (e.g., increased or decreased),

* what the response time and scale should be (e.g., how much should sound pitch
change if the temperature drops by 1 °C?).

In graphical interfaces, a typical example of unified representation of multidi-
mensional data is a 2D or 3D scatter plot. Each point on the curve represents two or
three dimensions simultaneously. Additional information can be added through dif-
ferent properties, such as color, size, the shape of the curves, etc. A similar approach
could also be used when describing such complex data with multidimensional
sound, but no such tools have been developed or proposed so far. The main problem
with sound is its strong serial nature. While the visual sense can process data in
parallel and always focus on one particular bit of information, a human auditory
system is only able to perceive and process a very limited number of simultaneous
sound streams. In an attempt to present scatter plots aurally, various reference tones
could, for example, indicate values in individual dimensions. If there were many
different dimensions it would be impossible to play all tones simultaneously.
Additionally, playing individual tones sequentially is also problematic due to audi-
tory memory limitations.

3.3.2 Auditory Icons, Earcons and Spearcons

In some cases auditory interfaces can also replace GUIs and more semantic interfaces
which use icons to represent different applications or their in-built features. Gaver
(1986) proposed the use of natural everyday sounds to represent various components
of a computer interface. The auditory equivalents of visual icons are called auditory
cues, which translate different symbols into auditory artifacts. Based on their abstrac-
tion level, auditory cues belong to one of the three groups described below.

The cues of the first iconic group are called auditory icons, which try to represent
an event as realistically as possible. An example of an auditory icon is the sound of
water being poured from one glass to another to represent a file being copied from
one location to another or downloaded from the internet.

The second group, called earcons, represents icons or functions with more
abstract and symbolic sounds. The relation between an event and a corresponding
sound is completely arbitrary and does not allow any semantic relation. The mean-
ing of earcons has to be learned for each individual interface. Examples of earcons
are typical computer or mobile phone sounds indicating various background events
and notifications (e.g., the arrival of a new email, shutting down a system, changing
the active profile on a mobile device, etc.). Earcons can be designed to represent not
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only a single item, but also its position in a more complex hierarchical structure
(Brewster et al. 1993) in different types of auditory or multi-modal interfaces.
Comparative studies of auditory icons and earcons showed no significant difference
in efficiency between the two (Brewster 2001; Lucas 1994).

The third group of auditory cues is called spearcons, created by speeding up
spoken texts and phrases until they are no longer recognized as speech (Walker et al.
2006). The speed of the reply can be slowed down at the beginning to facilitate
learning and then sped up after associations between auditory cues and interface
commands are made. Spearcons have proved to be very efficient for sonification of
hierarchical menu structures, where they represent individual menu items at differ-
ent levels.

All types of auditory cues can be efficiently used to represent a hierarchical
menu structure and the corresponding events. The amount of information repre-
sented by a single sound event is always limited due to limited capabilities of the
human auditory system. One way of expanding these limitations and increasing
information flow is by using spatial sound or the spatial distribution of multiple
sound sources. Auditory interfaces utilizing spatial sound are presented in the next
chapter. They use standard auditory interface design principles and methods and
extend them by using spatial sound originating from different positions in space.

3.3.3 Interface Metaphors

According to Wikipedia (Metaphor 2014) “a metaphor is a figure of speech that
describes a subject by asserting that it is, on some point of comparison, the same as
another otherwise unrelated object”. In user interfaces, metaphors are used to give a
user immediate knowledge about the meaning of individual interface elements and
about how to interact with the system (Reimer 2005). They are based on a set of
visual or aural representations of interface tasks and procedures known to a user
from other domains. They can define the representation and outlook of the interface
or the corresponding interaction mechanism. Metaphors can also be an effective
mechanism for developing and supporting the user’s mental model of the interface.
An example of a visual interface metaphor is an icon of a trash bin representing a
folder with deleted content. It is a part of a desktop metaphor which is well estab-
lished in the majority of modern operating systems. In this structural metaphor, files
and folders are also represented with icons and can be dragged and dropped in dif-
ferent locations. Dropping a file icon onto the trash bin icon represents the action of
deleting the selected file.

There are no such strong and intuitive interface metaphors for auditory inter-
faces, however many different ideas have been proposed and evaluated. A ring and
dial metaphor has, for example, been proposed to create a browsing environment
for audio recordings (Kobayashi and Schmandt 1997), notifying a user about impor-
tant events such as incoming emails, voicemails, calendar entries (Sawhney and
Schmandt 2000), for navigating between different sound sources (Crispien et al.

Meta Platforms, Inc.
Exhibit 1063
Page 051



References 43

1996), or for navigating a hierarchical menu structure (Sodnik et al. 2008, 2011). In
this type of metaphor a user is usually positioned in the center of a ring while differ-
ent sound elements and streams orbit around the user’s head. The user can select
individual elements through different interaction mechanisms. An interesting and
also very extensive auditory interface based on several ontological metaphors was
Audio Windows (Cohen and Ludwig 1991). The entire system was represented as a
room and individual objects and icons are represented as sound cues. They could be
manipulated through different interaction techniques, including a data glove as the
input device. A similar approach was also used in (Gaver et al. 1991), where a sys-
tem was represented as an office or as a multiple room metaphor (Aoki et al. 2003).
Most of the proposed above-mentioned auditory interfaces incorporate spatial
sound, and therefore some are explained in more detail in Chap. 4.

3.4 Conclusion

In the past, auditory interfaces have mainly been used to complement visual inter-
faces as alarms and feedback tools that acquire the user’s attention at a given time.
Nowadays, the mobility in everyday life requires devices to be smaller and lighter
in order to be carried around and used anywhere and anytime. The ever-smaller
displays and keyboards fundamentally change the way we think about user inter-
faces for these devices and HMI in general. Auditory interfaces offer an excellent
alternative for exchanging information between a device and a mobile user or a
user engaged in another sort of primary activity. With the rapid development of
technologies and tools for recognition and synthesis of human speech, speech-
based auditory interfaces have matured enough to be successfully integrated in
many commercially-available systems and applications. Auditory interfaces will
probably never fully replace visual interfaces, but rather complement them. Future
mobile devices will most likely not rely on one single interaction or display tech-
nique, but instead offer a variety of simultaneous options from which the users
can choose, depending on the type of information they are accessing and on their
current situation.
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Chapter 4
Spatial Auditory Interfaces

Spatial auditory interfaces use three-dimensional sound as an additional display
dimension and consist of audio items at different spatial locations. They have
evolved significantly in the last couple of years and can be found in a variety of
environments where visual communication is obstructed or completely blocked by
other activities, such as walking, driving, flying, operating multimodal virtual dis-
plays, etc. The precise spatial position of each source can offer an additional infor-
mational cue in the interface or can simply help resolving various ambiguities in the
content of simultaneously-played sources. It can also be used to increase realism in
virtual worlds by imitating real environments where the majority of sounds can be
localized and associated with their sources.

Humans’ localization principles and the important techniques for the genera-
tion and reproduction of spatial sound have been explained and discussed in
Chap. 2. In this chapter we summarize the most important and often-cited
research that reports on spatial auditory interfaces in different contexts and for
different tasks. Separate chapters are dedicated to the most important areas of
spatial auditory displays: portable devices and computers, virtual environments,
aircrafts and vehicles, visually impaired and blind computers users and brain-
computer interfaces.

4.1 Portable Devices and Music Players

The majority of user interfaces for desktop computers, laptops, and mobile devices
are multimodal, combining visual and audio displays. Interaction with these sys-
tems is based mostly on visual displays and corresponding GUIs. Sound, on the
other hand, only plays a minor role and serves mostly as a notification or a warning
system or to give feedback about the user’s input. Mobile devices have restricted
input and output capabilities compared with desktop computers and their usability
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is reduced. They suffer from a very limited amount of screen space and the visual
display can become cluttered with various notifications and widgets. Input is also
limited due to small keyboards and buttons. New interaction techniques are there-
fore being researched and evaluated in order to effectively utilize new services
while being mobile. An important segment of the portable device market belongs to
portable music players and similar audio-playing devices. They all require a user to
browse through a collection of available songs and audio clips to select the desired
content. Several researchers investigated the possibility of using a spatial auditory
interface as a feedback mechanism in such interactions with different touch-based
input interfaces.

Schmandt (1995) proposed an auditory interface called AudioStreamer as one
of the earliest attempts of taking advantage of the cocktail party effect and exploit-
ing users’ ability to separate the mixture of sounds arriving at the ears at a certain
point in time. It consists of three simultaneous sound sources enriched by various
acoustic cues (e.g., location, harmonics and frequency, volume, continuity, etc.)
which allow their separation into distinct sources. The sources used are three dif-
ferent news anchors played from three different spatial locations. The listener’s
ability to browse between these sources is further enhanced by tracking the user’s
head and increasing the gain of the source currently faced by the user. Evaluation
of the AudioStreamer revealed that when the user focuses on one of the available
simultaneous channels, almost none of the information is perceived from the other
two channels. Therefore, an additional feature was built into the AudioStreamer
using various acoustic cues to alert user about salient events on one of the
unselected channels (e.g., story boundary—a 400 Hz, 100 ms tone with the
increased gain of 10 dB).

A similar project, inspired by the AudioStreamer, is called Dynamic Soundscape
(Kobayashi and Schmandt 1997). It is a browsing environment for audio recordings
and it is based on a sound source called “Speaker” orbiting the user’s head and play-
ing different sound streams. Each sound stream is fixed at a certain spatial angle and
starts playing when “Speaker” reaches its location (see Fig. 4.1).

Fig. 4.1 Dynamic
Soundscape: simultaneous
presentation and spatial
mapping of audio streams
(Kobayashi and Schmandt
1997)
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The user can replay the selected topic or jump ahead to the new topic by pointing
in the direction of its source with the touchpad interface attached to the surface. The
pointing gesture creates a second “Speaker” at the selected location, which starts play-
ing the selected source while the original “Speaker” keeps orbiting and playing other
sources with decreased loudness. There is often a mismatch between the location
selected by the user and the correct location of the targeted sound source. The authors
have proposed a solution in the form of an “audio cursor’”—an additional sound source
in the virtual space that provides constant feedback of the user’s selected location. In
this way, the user has to acoustically overlay the “audio cursor’” and the targeted sound
source in order to perform the selection. Evaluation of the proposed system revealed
the significant importance and usability of spatial memory for audio navigation, as
users can memorize individual topics by their spatial location.

Schmandt (1998) also proposed another spatial auditory interface for browsing
collections of sound files called the Audio Hallway. The user browses the files by
traveling up and down a hallway, passing rooms on the left and right. A specialized
auditory collage of “braided audio” indicates the content of each room. Rooms are
represented as broadcast radio news stories with a collection of individual “sound
bites.” When selecting and entering an individual room, the sounds of the room are
arranged spatially in front of the user in the shape of an arc. The user controls the
auditory focus with head rotation, where the sound files in the user’s focus become
louder. The user’s navigation in the hallway is based on head movements, such as
tilting forward, backward, left, or right. The author reported disappointment at how
difficult it was to provide the desired auditory experience while traveling down the
hallway due to the lack of visual information and cues.

Touch Player (Pirhonen et al. 2002), on the other hand, is a dedicated spatial
auditory interface for controlling a portable music player—simulated by a pocket
PC. Sounds are used primarily to give feedback on the preformed input gestures and
consist of spatialized earcons. They are placed on a horizontal line in front of the
user using a straightforward stereo panning technique. The most important novelty
of this project is the proposed gesture-based input. Gestures are drawn on a special
touch screen that supports the basic functions of the player: play/stop, next/previous
song, volume up/down, etc. Swiping across the screen from left to right or from
right to left changes the track, a single tap starts or stops the player and an up/down
swipe changes the volume. The authors proved that it is possible to create a tactile/
auditory interface for a mobile music player which can be used without a visual
interface. The explicit and immediate audio feedback on the gestures is very impor-
tant to making the user comfortable and confident in its use.

As a continuation of this work, Brewster et al. (2003) proposed an extension of
Touch Player which consisted of a wearable PDA attached to the user’s belt, a pair
of headphones, and a head tracker. It also uses 2D gestures drawn on a screen as
input and audio as output. The sound is also spatialized in a plane surrounding the
user’s head at the level of the ears. The head tracker is used to detect head orienta-
tion and to respatialize the sounds accordingly. It also enables the detection of head
movements such as nods and shakes, which can be used as an additional interaction
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technique. Each audio source is located at its own angle relative to the user and can
be selected by nodding toward an earcon and moving it to the front-center of the
user. The non-important items can be moved to the rear by pointing at them with the
PDA or head. Several simultaneous sounds can be played at different positions,
such as a sonification of some processes on one side and a live synthesized speech
stream on the other.

The Apple’s iPod is undoubtedly one of the most popular portable audio players
on the marker with its unique circular touch input interface. Shengdong et al. (2007)
proposed the EarPod, a portable audio device using a very similar touch input inter-
face, but which also provides synchronized audio feedback. The touchpad is divided
into outer and inner rings, each of which is further divided into sectors. By touching
the individual sector, the user can hear the sound of the corresponding menu item,
while by continuously sliding a finger around the circle he or she can browse all
available menu items. The user can select a menu item by simply lifting their finger
at the desired sector. All speech-based audio feedback is spatialized in order to
additionally map the menu items to the circular touch-sensitive surface. Due to the
limitations of processing power on mobile devices, a simple left-right spatialization
is used. It proved to be accurate enough to create the illusion that items were laid out
in a circle around the user’s head. The most important feature of the proposed sys-
tem is its simple hardware, which only requires a circular touchpad and stereo head-
phones. Therefore, it can easily be deployed with existing devices with touchpads
(e.g., iPods, cell phones, etc.).

As the majority of the above-mentioned interfaces used a ring metaphor for pre-
senting auditory cues to a user, Hiipakka and Ga&tan (2003) proposed a slightly
different spatial auditory interface for interaction with an aurally-presented struc-
tured collection of music files. The collection is organized as a hierarchical menu
which includes several levels, e.g., music style, artist, album, and song. The process
of selecting songs in a music collection consists of navigation, search, and selection.
The proposed interface emulates the presentation of a 2D menu structure and uses
vertical representation of the menu and corresponding items. Three items within
each level of the menu are available simultaneously. A user should be able to select
any item from any level of the hierarchy. The navigation is based on arrow keys,
using up/down keys to change the level and left/right keys to select the item within
the level. A prototype implementation of the interface on a PDA demonstrated its
efficiency and showed great potential for future work.

Nowadays, a music player is often just one of the many available features on
smart phones or other smart mobile devices. They are exposed to significant
increases in processing power and network bandwidth and are expected to provide
a variety of new multimedia services. They also require new interaction mecha-
nisms and interfaces to support a variety of complex input and output commands.

Nomadic Radio (Sawhney and Schmandt 2000) is an interesting example of a
complex wearable messaging application for managing voice and text-based mes-
sages, emails, calendar entries, news, etc. Messages are dynamically structured
within different categories enabling a user to select a category, browse messages
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sequentially or save them and delete them on the server. Nomadic Radio uses
spatial audio for positioning sound sources around the user’s head that represent
different messages and text entries; the sequence of the positions depends on the
chronological order of messages’ arrival in the system. The system is operated by
speech commands and optional tactile input. The latter is used primarily to enable
or disable the speech recognition system (e.g., push-to-talk mode) in noisy envi-
ronments and to increase its robustness and recognition rate. It is based on a
shoulder-mounted pair of directional speakers and a directional microphone
placed on the chest. The volume of the speakers is adjustable to ensure that they
are heard primarily by the user and not by the environment. This prototype of the
wearable audio system is connected to a portable PC which communicates with
the backend server via a wireless network.

Diary in the Sky (Walker et al. 2001), on the other hand, is a prototype of an audi-
tory version of a calendar on a PDA. On the visual display the individual events in
the calendar are displayed in 1-hour denominations in a vertical list. The proposed
auditory version of the display presents calendar entries as spatial sound sources
positioned on a clock-like layout surrounding the user’s head in the horizontal plain.
12 am/pm is positioned directly in front of the user while 9 am/pm and 3 am/pm are
positioned on the left- and right-hand side, respectively. Participants of the evalua-
tion experiment appreciated the proposed solution and found it pleasant and easy to
use. The authors also intended to explore the technique of using spatial sound by
encoding message semantics into the spatialized audio streams. This is a general
display technique which could be used in different interfaces and applications.

Another important set of features of portable smart devices is navigation- and
location-based services. They also require customized interfaces that support the
exchange of this specific type of information. AudioGPS (Holland et al. 2002) is an
example of spatial auditory interface for non-visual interaction with the Global
Positioning System (GPS). It allows users to be engaged in a specific location-based
task while their eyes are unavailable due to occupation with another primary activity
or task. The GPS system is used for navigation output for two important types of
information: the direction in which the destination lies relative to the current direc-
tion of motion, and the distance to the destination. A briefly-repeated tone is used as
a sound source, which is then panned left or right to indicate the direction of the
target. The panning effect enables a simple distinction between left and right direc-
tions, while front and back directions cannot be perceived. Therefore, two versions
of tone, i.e., sharp and muffled, are used to indicate the front and back direction,
respectively. The direction the user is currently facing is represented by the direc-
tion of travel. Distance, on the other hand, is encoded as a “Geiger counter” that
indicates the distance by the frequency of repetitive tones (e.g., a higher frequency
means a closer distance). An additional arrival tone is played when users reaches the
target destination.

Kan et al. (2004) also report the use of spatial audio for representing locations of
users in a mobile communication system. The system consists of two laptops with
GPS modules, microphones, and pairs of stereo headphones which enable two users
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to communicate by hearing each other from the corresponding spatial direction.
GPS modules output information on their own positions and their waypoints. The
waypoint of each module is another’s module location. The user’s head orientation
is calculated from the direction of motion by taking into account the last 20 recorded
positions. Based on both the users’ head orientations and the bearing angles (e.g.,
the angle to the waypoint), the correct relative direction can be calculated and the
sound stream (i.e., the speech signal of another user) can be played from the corre-
sponding spatial angle.

Several researchers have proposed some general approaches to the creation of
spatial auditory interfaces for various devices, platforms, and very specific tasks.
Walker and Brewster (2000) proposed a spatialized audio progress bar for monitor-
ing a number of background tasks and processes which only used sound to report on
the rate, progress, and also to indicate completion or interruption. The goal is to
provide these cues to users without interrupting them and without drawing their
attention away from a foreground task. The progress bar consists of two major com-
ponents: a fixed reference axis and a moving progress indicator. These components
are presented with two non-speech spatial sounds. The reference sound is fixed in
front of the user while the “progress” sound changes its spatial position on a circular
orbit and communicates task completion by its angular location. The rate of prog-
ress is indicated simply by the angular speed of the orbiting sound. Two identical
sounds played from in front of the user indicate the endpoint. The authors wanted to
prove that spatial audio can be a key ingredient in multitasking interface design by
enabling perception of multiple simultaneous sound streams.

Streaming Speech (Goose et al. 2002), on the other hand, is a framework for
creating multiple simultaneous audio objects which are then spatialized in 3D space,
multiplexed into a single stereo audio signal and streamed to a mobile device. The
framework is based on the proposed 3D audio extensions to the Synchronized
Multimedia Integration Language (SMIL)—an XML recommended by the World
Wide Web Consortium for describing multimedia presentations (Smil 2014).
Streaming Speech also consists of a server-based framework which can receive a
SMIL file as an input and dynamically create a 3D audio stream as output. It repre-
sents a perfect solution for delivering and rendering rich 3D audio content—
described by a markup language—to any commercially-available mobile device via
a wireless network.

We have already described the process of sonification as an important aspect of
auditory interfaces. Spatial sound and spatial auditory interfaces can also be used
for representation and sonification of spatial and non-spatial data. The goal is to
give the user nominal, qualitative, or quantitative judgment of the perceived infor-
mation. The review of sonification of spatial data and interaction strategies with
such interfaces is presented in Nasir and Roberts (2007).

The following table lists the most important spatial auditory interfaces described
in this subchapter by their project names. It describes also the corresponding inter-
face metaphors and interaction techniques.
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Project name and application
AudioStreamer: music browser for
personal computer

Dynamic Soundscape: browsing
environment for audio recordings
Audio Hallway: interface for
browsing collections of sounds

Spatial sound configuration
and interface metaphor

Three sources at different
locations, cocktail party effect
Sound source orbiting around
user’s head, audio cursor
User travels up and down the
audio hallway and enters

51

Interaction technique

Head movements
Freehand gestures

Head movements

various rooms

Sound sources on horizontal
line, stereo panning

Touch Player: interface for
controlling a portable music player

Touchscreen gestures

EarPod: portable audio device Multiple rings with sound

sources, stereo panning

Touchpad gestures

Nomadic Radio: wearable
messaging application
Diary in the Sky: auditory calendar

Spatial sounds with ring
metaphor

Speech commands and
tactile input

Spatial sounds on a clock-like | Touchscreen

on PDA layout surrounding user’s head
AudioGPS: non-visual interaction Spatial sound indicating
with GPS direction of motion and

distance to destination

Fixed reference sound source
and moving sound source
indicating progress

Audio progress bar

4.2 Teleconferencing

The increased bandwidth of cellular networks and a variety of available wireless tech-
nologies enables mobile device to also engage in teleconferencing and multi-party con-
versations. A teleconference (Teleconference 2014) is “the live exchange and mass
articulation of information among several persons and machines remote from one
another but linked by a telecommunications system.” Although videoconferencing is
becoming more and more popular, audio conferencing still remains an important mech-
anism for remote collaboration. The audio-related hardware of mobile devices limits
participants to mono audio, where multiple sound streams from various people are mul-
tiplexed into a single audio output. Most of the work reviewed above demonstrated the
higher efficiency and improved perception of multiple sound sources if they originate
from different spatial positions. There have also been many attempts to benefit from this
artifact in teleconferencing systems. A common feature of the proposed systems is
some sort of a virtual 3D acoustic environment where individual participants of a joined
telephone call are each placed at a unique spatial location within the virtual world.
One of the earliest attempts at sophisticated teleconferencing system is based on
a wearable communication space (Billinghurst et al. 1998). It consists of body-
stabilized display that gives the user the impression of being surrounded by a virtual
cylinder of visual and auditory information. The main component is a head-mounted
display and a head tracker to enable the user to look around the entire space. This
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system allows remote collaborators to appear as virtual avatars distributed in front
of or around the user. Each avatar represents a live video and audio stream, with the
audio being spatialized in the correct spatial location. Users have the freedom to
turn to the face of a selected collaborator and engage in face-to-face communication
while being aware of other conversation in the space. By using a see-through head-
mounted display, a user can see also the real world and engage in real-world tasks.

The Vocal Village (Kilgore et al. 2003) system is a similar communication tool
which also allows audio conferencing with simple real-time audio spatialization. It
uses binaural audio signals that represent individual conference participants at dif-
ferent spatial locations. The evaluation experiments with the system demonstrated a
significant improvement of the ability to remember authors of different speech con-
tent (e.g., who said what) when participants were able to manipulate individual
voices’ positions and to move them to arbitrary positions. Spatialization also
reduced the perceived difficulty of identifying an individual speaker during the con-
versation. The main disadvantage of the system reported by the authors was the lack
of externalization cues resulting in “within the head” spatialization.

It has been shown that a non-visual virtual communication space for mobile users
can also be generated by a simple mobile phone and an inertial tracker (Billinghurst
et al. 2007; Deo et al. 2007). The proposed system consists of a mobile phone mockup
with a small LCD screen, keypad, stereo headphones, and two tri-axis digital gyro-
scopes. The mockup device is connected to a personal computer which takes care of
the audio and video processing. The gyroscopes enable head and device tracking in
order to provide several different audio conditions: mono, fixed spatial and head-
tracked spatial binaural, etc. For all spatial audio conditions, the individual sound
sources represented remote participants of a teleconference call and were therefore
placed in a horizontal circular plane surrounding the user. The head-mounted inertial
tracker enabled adaptation of the user’s head orientation in the virtual sound space.

Internet protocol (IP)-based networks have also been extensively used to con-
duct free or very low-cost telephone-like voice conversations. Numerous Voice-
over-IP (VoIP 2014) software applications can be found on the market, many being
available to users as open source packages. The majority of them support video
communication and multiparty conferences and collaborations. Several researchers
have therefore proposed extensions of such VoIP systems with 3D sound function-
alities. The 3D Telephony System (Hyder et al. 2009, 2010) generates a virtual 3D
acoustic environment where individual participants of a joined telephone call are
each placed at a unique spatial location within the virtual world. The proposed setup
extends the open source internet phone platform called Ekiga (2014) by adding the
3D sound processing software Uni-Verse (Kajastila et al. 2007). The system stores
3D geometric data of a virtual environment, which can be accessed and modified
via the UDP-based protocol. It also provides a tool for uploading VML files describ-
ing the geometry of virtual rooms. A different virtual room can be used for each call
with a different seating plan, a different maximum number of participants and also
a different virtual conference table. A user with headphones can identify individual
participants by locating them and listening to just one of them, despite multiple
talkers speaking simultaneously. The proposed system can also be used in other
virtual environments such as gaming and VR simulations.
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Another example of the integration of a spatial sound convolution engine into an
open source VoIP system, called Mumble (2014), is described in Rothbucher et al.
(2010). The Mumble platform was originally developed to support communication
without time lag between people playing online games. It has its own positioning
module which virtually places users in their avatar positions by simply multiplying
the audio signal with an attenuation coefficient. This module has been extended
with a 3D sound convolution engine, which uses 3D sound rendering with HRTFs.
The incoming audio streams of active conference participants are now filtered with
a pair of HRTF filters according to their spatial position. A HRTF dataset can be
easily exchanged, allowing users to apply their own individualized HRTFs. The
proposed solution was later generalized by extending telephone conference server
software with a similar functionality (Rothbucher et al. 2011). This project focuses
on compatibility with existing VoIP infrastructures and Session Initiation Protocols
(SIP) to support existing telephone systems.

cAR/PE (Regenbrecht et al. 2004) is a more futuristic teleconferencing system
which allows three participants at different locations to communicate over a network
in a simulated face-to-face environment. The system comprises live video streams of
the participants arranged around a virtual table. The meeting takes place in a virtual
room which also includes a large 2D virtual presentation screen. Spatial sound is used
to indicate different user positions and locations within the room. There are no special
hardware requirements for the system. The user sits in front of a standard monitor
equipped with one or more cameras, loudspeakers (2.0 or 7.1 configuration) or head-
phones, and a microphone. It also enables the exchange of electronic documents (e.g.,
text documents, presentations slides, spreadsheet documents, pictures, etc.).

Different comparisons have been made between centralized (server-based) and
client-based filtering of spatialized audio for teleconference systems (Reynolds
et al. 2008). When all processing is fully centralized and performed by the server,
such a system benefits from larger and more distributed groups of users, but mostly
lacks manipulation options. Spatial manipulation is possible only if customized fil-
tering and mixing processes are performed by the server for each user separately.
On the other hand, if sound streams are filtered locally on client devices, they can be
manipulated by the user in real time, although the processing power is limited due
to resource constraints. The authors propose a solution of a distributed processing
model, where all available streams can be filtered with a large order of non-
individualized HRTFs at the server or filtered locally on each client, if possible. A
general model which also aims to support low power terminals is proposed in
Reynolds et al. (2009). It does not require a centralized spatial processing function-
ality and can easily be implemented within IP multimedia subsystems (IMS).

4.3 Virtual Reality (VR) and Augmented Reality (AR)

Virtual Reality (VR) is a computer-generated synthetic environment which can
simulate a person’s physical presence in different places in the real or an imagined
world (Virtual Reality 2014). It can recreate various sensory experiences, including
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seeing, hearing, feeling or even smelling and tasting. One of the most important
features of VR environments is 3D perception, which includes video and sound.
Spatial auditory interfaces in VR and mechanisms for the production of realistic
acoustic perception are a big challenge and the main point of interest for many
researchers. An accurate spatial reproduction of sound can significantly enhance 3D
perception, which is important for achieving the sound localization of visual objects.
Different issues related to immersive audio systems and their requirements are dis-
cussed in Kyriakakis (1998), from fundamental physical limitations to technologi-
cal drawbacks. The discussion includes identification of fundamental physical
limitations important for the performance of immersive audio systems, evaluation
of their development, and technological considerations that affect these systems in
present and future designs. Similar issues related to auralization, including history,
trends, problems and possibilities, are also discussed by Kleiner et al. (1993).

Lentz et al. (2007) describe a system for free sound field modeling and its repro-
duction in VR systems called VirKopf. It is a software-based solution which runs on
a set of dedicated but off-the-shelf machines interconnected by a network. It offers
a binaural sound experience without the need to wear headphones. Only four speak-
ers are enough to create a surrounding acoustic virtual environment for a single user.
The two most important parts of the system are a geometrical acoustics model and
the corresponding algorithms for simulating room impulse responses in real-time
applications. The final goal is to simulate a virtual headphone—reproduction of cor-
rect binaural signals at the ears—by using crosstalk cancellation mechanisms and
without limiting the user to only one sweet spot. The head tracker, based on an opti-
cal tracking system, is used for acquiring the current position and orientation of the
user. Additionally, a large database of all possible HRTFs is needed. The authors
report good overall performance of the system, but also suggest several improve-
ments to the existing algorithms (e.g., consideration of sound insulation and diffrac-
tion, optimization of algorithms to increase performance, etc.).

Augmented Reality (AR), on the other hand, combines real-world environments
with computer-generated sensory input, including video, sound or GPS data
(Augmented Reality 2014). While VR completely immerses a user inside a syn-
thetic environment and prevents him or her from seeing the real world around them,
AR allows the user to see the real world and superimposes various virtual objects
upon it (Azuma 1997). AR supplements reality instead of replacing it and enables
simultaneous interaction with real and virtual objects in the scene. One of the basic,
and also most important, problems of AR is registration. Registration means the
proper alignment of the real and virtual world to achieve the illusion that they coex-
ist. The registration quality depends on tracking accuracy, which includes
technologies such as digital cameras, optical sensors, accelerometers, gyroscopes,
GPS units, etc.

For the visual AR it is important to select and use an appropriate display tech-
nique. The most common type of display is a Head Mounted Display (HMD) (HMD
2014) which can be a see-through HMD or a closed-view HMD. The first type of
display lets the user see the real world directly while the second type requires a
camera to record the real world and display it on a screen. The screen is usually a
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combination of two small separate screens that display different content for each
eye. Therefore, it is possible to project 3D visual content.

Audio AR (AAR), on the other hand, superimposes virtual sounds on the natural
sounds of the environment (Hirmi et al. 2004). The concept was originally pro-
posed by Krueger (1991). One of the earliest designs of AAR is an in-building
mobile auditory interface called Audio Aura (Mynatt et al. 1997, 1998). Users wear
wireless headphones and small electronic badges which can be tracked and identi-
fied by a network of infrared sensors in the building. When a user enters a room or
certain area or approaches various physical objects in the room, he or she can hear
individualized sound cues such as a summary of the newly-arrived emails, meeting
reminders, recent acquisitions, etc. Different environment sounds and metaphors
are created in which various sets of functionalities are assigned to various sounds.
One such example is the sound of a beach where crying seagulls indicate new emails
and the intensity of the sound of the waves indicates the intensity of group activity.
The goal of this sound design is to present auditory cues in the background or audi-
tory periphery in order not to draw too much of user’s attention. In this case, the
auditory cues are not spatialized and the system only supports indirect physical
interaction, e.g., a user has to enter a room to activate an audio cue.

The use of spatial audio in AAR was first reported by Cohen et al. (1993).
Multidimensional audio windows (MAW) are used to explore the use of binaural
signals with virtual spatial sound sources. Spatialization is made by convolving
monoaural signals with corresponding left and right HRTF filters. The system is
operated through a GUI which enables the user to dynamically select the desired
virtual location. As an example of such a location, the authors proposed a place with
a virtual phone in an office with the ringing sound coming from the corresponding
spatial location. With such system it is possible to provide a telepresence experience
through a robot slave operated by a human operator. The operator has a binaural
sensation of real and virtual sound sources.

The main idea of the AAR is to correctly superimpose natural (e.g., environ-
ment) and virtual (e.g., artificially synthesized) sounds. In a perfect AAR system, a
listener should not be able to differentiate between natural and virtual sounds, or
there should be a clear distinction between the two—depending on the concrete
setup requirements and goals. The problem of the correct registration and alignment
of these two types of sound sources has been addressed by Hiarmai et al. (2004) and
Tikander et al. (2003). The Mobile Augmented Reality Audio (MARA) or Wearable
Augmented Reality Audio (WARA) (Hiarmi et al. 2003) is a prototype system of
transducer configuration consisting of earplug-type headphones (earphones) with
integrated miniature microphones. Microphones are used to record environment
sounds and send them directly to the earphones, enabling an authentic perception of
the real acoustic environment. The perception of the real world through micro-
phones and earphones differs from real open-air perception due to the frequency
characteristics of audio equipment and also the obstruction of the human ear canal.
The difference can be minimized by various equalization methods and signal pro-
cessing techniques. However, if virtual synthetic sounds are superimposed onto the
acoustic environment, an augmented audio environment is created. The mixture of
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both environments should be carefully designed in order to produce a coherent per-
ception for the user and to create a meaningful fusion of the virtual and real world.
Virtual audio sources are added to the earphone signals using HRTF directional fil-
ters to simulate responses from the spatial location of sources to microphone loca-
tions in the ear canals. The location of the user’s head represents the origin of a
coordinate system of the virtual auditory space. The effectiveness of the MARA
system was proved with a listening test which compared virtual and real sound
sources, where test subjects were unable to distinguish between the two.

Spatialized AR Audio (SARA) (Martin et al. 2009) is also a system for superpo-
sition of virtual sound sources on the real acoustic environment, where virtual sound
sources are perceived as coming from different spatial locations. It uses special
open and acoustically-transparent earpieces in order to avoid the occlusion effect
reported by Harma et al. (2003) and the use of microphones. Additionally, it includes
a set of compensation filters for improving localization in virtual space. The filters
are computed for each earphone by taking into account their impulse responses. The
proposed system was evaluated in two localization experiments, the first testing the
ability of the test subjects to localize real sound sources while using SARA and the
second evaluating their ability to localize virtual sound sources created by the
SARA system. The results proved the high accuracy and usefulness of the proposed
system, although the reported disadvantage of these earphones was their poor low-
frequency response.

AAR systems offer a perfect platform for various navigation and orientation ser-
vices and applications for the selected audio content should be played at the exact
location and at the exact moment in time. The LISTEN project (Gerhard 2001) is an
information system for intuitive navigation of visually-dominated spaces. It creates
a dynamic virtual auditory scene which augments real environment sounds. The
main component is a motion-tracked wireless headphone for real-time reproduction
of spatial sounds (e.g., speech, music, and sound effects) which is related to the
user’s current position and orientation. The composed sound stream representing
the final audio output of the system depends on the user’s spatial behavior, visit his-
tory, interests and preferences, etc. The idea is to investigate relationships between
visual, auditory, and imaginary spaces. When the user moves through a real space,
he or she also automatically navigates the attached complementary acoustic space.
Virtual acoustic labels can be attached to any physical object in the real world.

An example of an indoor mobile AAR system is presented by Vazquez-Alvarez
et al. (2014). Its goal is to provide eyes-free mobile interaction with location-based
information in an indoor art exhibition space. It is based on a complex multilevel
spatial auditory display with the simultaneous and sequential presentation of sound
elements. The system runs on a mobile phone with an HRTF library, a wireless
internet connection, and a pair of headphones. The infrared camera in combination
with IR tags and accelerator-based sensors is used to track the user’s position and
orientation in order to activate the audio interface in the proximity of the selected art
pieces. The auditory interface consists of two layers: a top-level sonification layer
and a lower level interactive layer. In the sonification layer, a set of chaptering
voices are played within the proximity zone, advertising the content of individual
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art pieces. This layer is played automatically, while the second interactive layer has
to be activated by a button press. In the spatial audio version of the interactive layer,
a set of three earcons representing different menu items are played in a radial menu
around the user’s head—to the left, to the right, and in front of the nose. They are
played sequentially or simultaneously (depending on the experiment condition) and
selected by pressing one of the three buttons on a remote interaction device.

Ec(h)o (Wakkary and Hatala 2007) is a similar and even more sophisticated
approach which comprises an audio museum guide and a situated game within the
museum. The museum topics are described by audio objects based on the user’s
level of interest, location, and interaction history. The user’s movement within the
exhibition space represents the main navigation cue by creating an ambient sound-
scape related to the artifacts in their proximity. The entire space is divided into
several different interactive zones. Interaction with the selected artifact is based on
a spatial audio display operated through a tangible interface in the shape of a wooden
cube. Different cube faces represent different interface options. The cube rests in the
user’s hand and can be rotated in any direction. The side of the cube facing upward
presents the selected option. Three cube faces are presented with three auditory
channels: left, right, and center. The sounds used in the interface are various infor-
mal speech recordings. The global aim of the proposed game guide is to improve
visitor engagement by including playfulness as an important addition to the func-
tionality of the system.

Several researchers have also proposed very interesting outdoor navigational
applications, with the common goal of augmenting the real world with descriptive
and informative audio cues. 3DAAR (Sundareswaran et al. 2003) is an example of
a wearable AR system intended for cuing a mobile user about objects, events, and
potential threats that are outside of his or her field of view. The system is mounted
on a vest and customized helmet and consists of a wearable computer, software-
based 3D sound library, wireless communication, speech recognition system, GPS
location module, VoIP module, magnetometer-based head tracker, and several but-
tons. A GPS module and a head tracker provide the system with the user’s position
and orientation, which are then used to present sound cues as a set of 3D audio
icons. The icons are played sequentially by azimuth angle. The wireless link is used
to broadcast the position of the user to all mobile users. The 3DAAR system was
used for various experiments with 3D sound localization and also for determining
the role of perceptual feedback training in localization accuracy.

The Sound Garden (Vazquez-Alvarez et al. 2012) project is named after a land-
scape in the Municipal Gardens in Madeira. It is a mobile AR setup consisting of a
mobile phone with 3D positioning library, external GPS receiver, acceleration
sensor, and a pair of headphones. It serves as an interactive guide for finding differ-
ent physical landmarks within the garden. The idea is to use movement sensor data
and user feedback to describe the user experience in an exploratory mobile AR
environment and to find the most appropriate auditory display configuration. The
basic audio content consists of earcons—recordings of animal sounds, such as an
owl, goose, cricket, nightingale, or frog—which indicate different regions of the
park. The mapping between sounds and landmarks is abstract and the relationship
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has to be learned. Short synthesized speech clips are used to provide basic factual
information about the landmarked sites. When the user enters the proximity zone (a
radius of 25 m from the target) the animal sound starts playing from the correspond-
ing direction of the target and with the corresponding loudness. The loudness
increases as the user walks closer to the target. When he or she locates the final
target (within a radius of 10 m from the target), the speech audio clip provides
descriptive information about the target.

Audio Stickies (Langlotz et al. 2013) is another outdoor AR platform that pro-
vides spatial audio augmentation on simple mobile devices. The “stickies” are spa-
tial audio annotations generated by the users and linked to physical objects in the
environment. They try to simulate well-known and widely-used written sticky notes.
Their position in the environment is indicated by visual hints on a real-time video
recorded by a mobile phone. Users browse the environment through a display and
perceive an AR view of the surroundings. Only the stickies in the center of the
image are played and the selection is made by moving the phone and changing the
displayed image. Several stickies can be played simultaneously if they are all placed
in near proximity. In order to attach the audio annotation to the real object a user has
to select the object by touching it on the display. The spatialization of the sound
sources is based mainly on stereo panning techniques due to limited capabilities of
smart phones.

Several authors have proposed the use of VR and AR technology as a platform
for the reproduction and manipulation of music in real and virtual environments.
Haller et al. (2002) and Dobler et al. (2002) reported an interesting AR interface
for real-time positioning of virtual musical instruments in real space. Users can
see, listen to, and also feel various musical sound sources in space and move them
around with the aid of a special pen. Sound sources are visualized as 3D models
of musical instruments and their sound is localized to originate from the corre-
sponding spatial position. Two examples of similar AR interfaces for manipulat-
ing spatial sound are AR/DJ (Stampfl 2003a) and 3deSoundBox (Stampfl 2003b).
AR/DJ is a simple application which allows two music DJs in a club to play
manipulate live sound sources through an AR interface and place them anywhere
in 3D space in the club. Sound sources are visualized in a 3D model of the real
space and can be moved using a special pen with visual tracking markers.
3deSoundBox, on the other hand, is an acoustic platform-independent component
for using and exploring 3D sound in AR applications. It can work with any num-
ber of speakers and has a very scalable architecture.

Digital Interactive Virtual Acoustics (DIVA) (Savioja et al. 1999) is another real-
time environment for a full audiovisual experience, such as a virtual music concert.
It is based on signal processing techniques for spatialized reproduction of sound
sources. There is support for two simultaneous users, one representing a conductor
and the other representing the listener. The conductor is tracked in the space and
controls the orchestra (e.g., tempo and loudness) with different movements. The
tracking is based on a coat with magnetic sensors. The orchestra can consist of real
and virtual musicians. Virtual musicians are presented with animated human mod-
els and their positions are manipulated through a GUI. The listener can also move
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around the virtual concert hall, if required. The final sound output is reproduced
through headphones or loudspeakers. The room acoustics are simulated using a
time-domain hybrid model that takes into account the direct sound and early reflec-
tions. These are spatialized using HRTFs or by simple approximation based on
adjusting only ITD and ILD. The technology used in the DIVA system can also be
used in other applications (e.g., games, multimedia, virtual reality, etc.).

The AR environment and simultaneous presentation of visual and audio cues
also offers an ideal tool for studying the human ability to localize real and virtual
sound sources. Zahorik et al. (2001) reported on localization experiments with non-
individualized HRTFs and low-cost 3D audio equipment in which he wanted to find
out if perceptual training can reduce localization errors. They used a head-mounted
display for the simultaneous presentation of visual and auditory cues in an AR envi-
ronment. Another study on the impact of 3D sound on perception in an AR environ-
ment was reported by Zhou et al. (2004). The effects were studied in two different
scenarios, combining visual and auditory cues as well as a complex game-based
environment. The results of the study demonstrated the large importance and impact
of 3D sound on significant improvements in depth perception, task performance,
and human presence and collaboration. Mariette (2006) proposed a methodology
for studying sound localization outdoors when listeners are mobile and virtual
sound sources can correspond to real visual objects. The selection of the target was
performed by physically walking to the destination, addressing the problem of mul-
timodal perception and subject interaction via self-motion. The goal was to study
the effect of HRIR filter length and the final quality of binaural rendering on local-
ization errors in such multimodal perception. The wearable AR systems 3DAAR
(Sundareswaran et al. 2003) and WARA (Harma et al. 2003) described above were
also used to observe the role of feedback training on sound localization accuracy.
Sodnik et al. (2006) reported on a sound localization experiment in a tabletop AR
environment. The AR scene consisted of a large number of identical visual objects
distributed in the virtual space. Any object in the scene could be sonified with a
spatial sound source, but only one at the time. Users were asked to localize the
“noisy” model by moving through a virtual AR scene wearing a head-mounted dis-
play and stereo headphones, as shown in Fig. 4.2. The results demonstrated the
human ability to localize the azimuth of sound sources with a higher accuracy than
elevation or distance.

4.4 Aircraft

One of the crucial components in the cockpit of a modern aircraft is the Traffic Alert
and Collision Avoidance System (TCAS), which is used to alert the flight crew
about other aircraft in close proximity (TCAS 2014). The TCAS system works
independently of air traffic control and monitors the airspace around an aircraft for
other potential aircraft which are equipped with an active transponder. It is usually
integrated into the navigation display or electronic horizontal situation indicator and
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Fig. 4.2 User performing localization test in an AR environment (Sodnik et al. 2006)

it uses auditory and visual displays for interaction with the pilot (Begault 1993). In
most situations the visual display provides crucial information about the surround-
ing aircraft, while the auditory display is used only as a redundant warning system.
There are three types of alerts: traffic advisory, resolution of advisory, and clear of
conflict (TCAS 2014). The first alert is an informational message only displayed on
the visual display that serves situational awareness. The second alert also includes a
spoken auditory message and arises when there is a potential collision within the
next 40 s. The third alert requires the immediate reaction of the pilot and consists of
a visual and spoken auditory message with instructions on an evasive maneuver. It
occurs approx. 25 s before a potential collision.

Begault (1993) proposed the use of a spatial sound in a head-up auditory display
to provide the spatial information that is usually shown on the head-down visual
display. The spatial sound indicated an out-the-window target direction relative to a
forward head position. The sound sources were virtualized in the azimuth plane
using HRTF filters and played through headphones. The potential head movements
were not correlated with spatial auditory output. The proposed system was evalu-
ated in an experiment with trained crew members in a flight simulator who were
asked to start searching for the targeted aircraft based on auditory messages and to
locate it visually out of the window. The target acquisition time was measured in
spatial and non-spatial (using only one earpiece) experiment conditions. The search
procedure was considered successful if the target was acquired within 15 s. The
presence of spatial cues in auditory warnings significantly reduced the visual search
time (by approx. 2 s compared with non-spatial cues).

The use of spatial auditory warnings within TCAS also represents a great advan-
tage over standard visual-audio TCAS (visual information + mono audio) warnings
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(Begault and Pittman 1996). The target acquisition time in this case can also be
reduced significantly. The use of spatial audio warnings with visual TCAS results in
approx. 12 % faster response time compared to just mono sound (Oving et al. 2004).
Even better performance can be achieved with a combination of spatial sound and
verbal directional information on required safety actions.

A similar experiment in the military domain is described by Bronkhorst et al.
(1996). In this case, spatial audio is used to report the location of a target in a jet
fighter. A group of pilots in a simulator was asked to locate and intercept an enemy
jet based on visual 2D radar displayed on a head-down display in front of the pilot.
In the second condition a 3D auditory display was used for the same task. The com-
bination of both solutions seems to be the fastest interface for the selected task,
while there is no significant difference when using just one of them independently.

In follow-up studies, the effect of two simultaneous auditory warnings related to
two different tasks has also been studied (Veltman et al. 2004). The experiment
consisted of groups of primary and secondary tasks performed with a visual
Head-Up Display (HUD) or Head-Down Display (HDD). Primary tasks were
always performed one at the time, while secondary tasks could also be combined
and performed in parallel. In the primary tasks the pilots had to locate and pursue a
target that appeared somewhere around the jet and was signaled on the
HUD. Successful capture was indicated by a color signal on the HUD and non-
localized auditory signal. In the secondary tasks the pilots were asked to pay atten-
tion to some visual information on the HUD or HDD and react in certain situations.
In some experiment conditions, 3D audio was added to the HUD information in the
primary task and sometimes also to the HDD information in the secondary tasks (in
these conditions two sound sources were presented simultaneously). The greatest
benefit of 3D audio was shown when it was combined with the HDD. In these cases,
the frequency of vertical eye movements and the perceived cognitive workload were
reduced significantly. The superposition of 3D audio on the HUD did not improve
performance considerably. Another attempt at supplementing the HDD with high-
fidelity 3D audio was also reported by Parker et al. (2004). In their experiment, the
participants were asked to acquire the image of a target aircraft on an HDD. When
combined with 3D audio cues, the acquisition time was faster, the perceived work-
load was lower, and situational awareness was improved.

Nowadays, Unmanned Aerial Vehicles (UAVs) also play an important role in
various military operations (Air 2004). They are particularly suited to complex and
dynamic operations where the utilization of traditional manned aircrafts would be
very dangerous or even impossible. Tele-operation of such UAVs is very different
from piloting an actual aircraft and incorporates manual and automatic controls.
The operator interfaces emphasize the presentation of information through a visual
display, often risking the overload of the visual information processing capacity of
the operator. Therefore spatial auditory display technologies represent great poten-
tial as isolated communication channels or as components of a multimodal display
system. They should be spatially, spectrally, and temporally manipulated, and thus
lead to a strong sense of presence. Information about the current and future states of
a complex and highly-dimensional environment could be presented in a very
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intuitive way. Auditory motion perception can, for example, be used to report on the
trajectories of various elements in the environment. Spatial audio displays can lead
to a high level of realism and task engagement, improving overall operator
performance.

Helicopters, on the other hand, are significantly different types of machines
(Houtsma 2003). The SPL levels inside the cockpit can often be over 100 dB, requir-
ing the pilots to wear some sort of ear protection. The most common solution is a
pair of helmet-mounted earplugs which offer protection against noise and enable
clear electronic communication. However, the ear protection attenuates all types of
sounds, including potential auditory warning signals produced by the machine.
Each type of helicopter has a unique warning signal system comprising of speech,
non-speech, and mixed messages. Spatial sound has also been used in a warning
display for system malfunctions in helicopters. Haas (1998) used the location of
virtual spatial sounds to report the actual location of a system malfunction in the
helicopter or to report the location of a visual warning indicator within the cockpit.
Spatial sound cues resulted in approx. 28 % faster response times compared with
solely visual warning systems.

4.5 Vehicles

Similar to aircraft cockpits, different Collision Avoidance Systems (CASs) are also
used in vehicles. They are used to detect other vehicles and obstacles on the road
and to warn the driver if the distance or speed of approach exceeds a certain thresh-
old. Graham (1999) proposed and tested the use of auditory icons for these warn-
ings, since the visual sense is highly occupied during driving tasks. The auditory
messages should not be confusable with environmental sounds, such as engine
noise, indicator signals, seatbelt warnings, etc. They should also be very intuitive
and correctly interpreted without prior instructions and learning. They should pro-
voke fast and accurate response from the driver (e.g., emergency braking, steering
maneuvers, etc.). In his experiment, Graham compared the proposed auditory icons
to conventional speech warnings and to abstract non-speech sounds in terms of reac-
tion time, number of inappropriate responses, and subjective ratings. The auditory
icons actually proved to provoke significantly faster response times, although they
also provoked a larger number of wrong responses. Graham suggested the auditory
icons have many advantages over conventional sounds in terms of response time
and subjective ratings, but they could be further improved by the use of spatial
sounds (e.g., direction of sound could indicate the direction of danger) and other
manipulations of sound signals.

The Advanced Driver Assistance System (ASAD) in vehicles provides auto-
matic lateral and longitudinal control, reversing and parking aid, etc. These systems
also require an effective and intuitive user interface in order to inform the driver
about current activities and to provoke immediate reaction when required. Bellotti
et al. (2002) explored the use of 3D auditory interfaces for providing drivers with
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information from the ADAS system. According to their hypothesis the use of 3D
sound should reduce eyes-off-the-road time and reduce the number of false alarms.
They proposed assistive systems for providing lateral control, longitudinal control,
and support for parking. 3D sound techniques are used to generate sounds that cor-
respond to objects detected as potential hazards and obstacles (e.g., lateral lanes,
guard-rails, other vehicles in front or behind, cars in the blind spots of the lateral
mirrors, etc.). The 3D sound scene was created by four speakers: two in the front of
the car and two in the rear. Tones masked with a square wave were used as alarm
signals to enable fast and accurate localization. The system proved to be effective at
detecting and localizing potential collision situations around the car, although some
test subjects found the system annoying. The latter could be improved by designing
the sound messages better. The 3D sound messages could also be integrated with
other interface modalities (e.g., visual alarms).

Suzuki and Jansson (2003) also studied the use of spatial sound cues to warn the
driver about line deviations. They compared four types of warning cues: monoaural
beeps, stereo beeps, steering vibration, and pulse-like steering torque. The stereo
beeps originated from the direction of the potential line crossing and were intended
to warn the driver to move back in the opposite direction. In the so-called predicted
scenario, the users were informed about the line deviation warning system and its
functionality, while in the unpredicted scenario they were exposed to the signals
unexpectedly. The steering vibration signals were reported to be the most efficient
interface for the unpredicted scenarios, while the stereo beeps proved to be better
when test subjects were aware of its meaning and functionality. The authors also
reported several cases of misinterpretations of the warning signals where users
turned the steering wheel in the wrong direction. However, none of these cases hap-
pened in the auditory conditions.

Ho and Spence (2005) conducted a series of experiments in which they observed
the efficiency of localized auditory cues for warning the driver about approaching
vehicles and other critical driving events. In half of the cases, the sound warnings
were localized to indicate the direction of the danger, while in the other half the
sounds were not localized. In the third part of the experiment, the warning sound
cues were wrongly localized and therefore indicated the wrong direction of the
danger. Drivers reacted more rapidly to dangerous events seen in the rearview mir-
ror when warning sound cues were presented from the same direction. On the other
hand, the authors reported only marginally faster responses for dangerous events
seen in front through the windshield. When comparing non-localized or wrongly-
localized sound to correctly-localized cues, non-localized or wrongly-localized
sound was shown to decrease performance, possibly due to extra processing time.
The authors concluded that invalid spatial warning cues can impair performance,
while correct warning cues can facilitate it significantly.

In another experiment, the same authors (Ho and Spence 2009) also assessed the
relative speed with which people reacted to auditory warnings (white noise bursts)
originating from the back of the head (at a distance of 40 cm) or from far in front of
the head (at a distance of 80 cm). Both types of auditory cues were also compared
to vibrotactile warnings presented to their waist or wrist. The auditory signals
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presented close to the user’s head (within the so called “peripersonal space”) proved
to be the most efficient warning cues and facilitated the fastest head-turning
response. They also proved to offer an effective means of alerting a driver to orient
his or her eye gaze toward locations of interest and danger. The auditory warnings
presented in close proximity to the driver’s head significantly outperformed the
other two groups of warning cues in terms of latency of response and at the level of
the participants’ visual discrimination performance.

Current vehicular research focuses also on the development of autonomous and
semi-autonomous vehicles. Automation of the primary driving task can signifi-
cantly reduce the mental workload of drivers but can also diminish their sense of
control and the feedback about the state of the vehicle and its basic driving proper-
ties: steering, gear changing, acceleration, braking, etc. Beattie et al. (2014) report
on a driving simulator study in which they attempted to determine the suitability
and effectiveness of a spatial auditory display for re-establishing the afore-mentioned
sense of control to drivers. They also observed whether spatially positioned sound
sources could enhance driver awareness of the intended actions of autonomous
vehicles. They recorded realistic sounds of a vehicle (e.g. acceleration, braking,
gear changing, etc.) and played them as spatial and non-spatial sounds in a driving
simulator. The spatialised auditory presentations of these sounds were reported to
be very effective at alerting drivers about the intended actions of the autonomous
vehicles and also for re-establishing the sense of control to drivers.

On-board entertainment displays or In-Vehicle Information Systems (IVIS) also
require user interaction and advanced user interfaces. Sodnik et al. (2008) describe a
3D auditory interface based on a ring metaphor which represented a hierarchical menu
structure. Individual menu items and commands are presented as virtual sound sources
placed on a circle surrounding the user’s head (Fig. 4.3). The sound sources are spo-
ken words—readings of the menu. There are between one and six sources (e.g.,
depending on the experiment condition) played simultaneously that represent cur-
rently available menu items and that enable the user to select any of them. When a
user selects one of the items, a new set of items, which represent the corresponding
submenu, is loaded. In addition, non-localized background music is used to indicate
an individual branch of the hierarchical menu. Its central pitch changes according to
the current depth of the user in the submenu (the pitch lowers when the user moves
deeper in the menu and vice versa when he or she moves back up in the hierarchy).

The interaction with the interface is conducted through a custom-made device that
consists of a scrolling wheel and two buttons. It is attached to the steering wheel so
that it may also be easily utilized while driving. The proposed auditory interface was
evaluated in a user study where it was compared to typical HDD that displayed the
same menu structure. It proved to be equally fast as a visual display, while also being
much safer and less cognitively demanding. The latter was reflected in the lower num-
ber of errors made when driving and performing secondary tasks with both displays.
On the other hand, the use of simultaneous spatial sound did not prove to have any
significant advantage over a simple mono sound representing one selected source
(e.g., menu item) at a time. The majority of test subjects reported the multiple simul-
taneous sounds to be hard to perceive and to understand while driving.
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Fig. 4.3 The virtual ring

of sound sources .
distributed equally around

the user’s head (Sodnik

et al. 2008)

The use of speech-based auditory menus for IVIS has also been studied by Jeon
et al. (2009). They investigated the advantages and disadvantages of enhanced audi-
tory cues (e.g., spearcons and spindex) in typical in-vehicle scenarios compared
with normal text-to-speech cues. The experiment also showed that an enhanced
auditory interface improved the user’s performance and safety when utilizing the
IVIS in the presence of a visually-demanding primary task.

In the field of visual representation of information in vehicles, the HUD is the
current state-of-the-art solution for reducing driver errors that originate from dis-
tracting interfaces. The major advantage of HUDs compared with HDDs is sup-
posed to be the response time to unanticipated road events. A typical HUD displays
screen-fixed icons indicating current speed and some basic navigational cues. With
the aid of eye trackers, these displays can also be used for 3D AR visualization.
Tonnis and Klinker (2006) proposed an egocentric AR perspective where special
navigational and assistance cues are projected in front of the car in the position of
the car’s front bumper. In addition, a 3D warning sound is also generated from the
direction of the potential dangerous situation. A multimodal extension with
3D-encoded sound supports basic acoustic guidance. In such cases, sounds are
always hybrids of location and direction indication. The warning system is com-
posed of various harmonic frequencies supporting better localization and indicating
the urgency of various warnings. Multimodal warning presentations that combine
sound and visual schemes have proved to be an important source of improvement
compared with solely visual representations in 2D or 3D.

Jakus et al. (2015) describes a multimodal IVIS device combining HUD and
auditory interfaces. Similar to the IVIS proposed by Sodnik et al. (2008), the struc-
ture is presented as a hierarchical menu consisting of up to six menu items at each
level. It is also operated through a similar interaction device attached to the steering
wheel. In three different experiment conditions, the system was displayed on a
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HUD, played through an auditory interface, or presented through a simultaneous
combination of both interfaces. The use of the HUD showed a significant increase
in safety and decrease in cognitive workload compared to the HDD. The majority of
users clearly chose the multimodal display as the preferred technology, as it enabled
them to change communication modality at will. They could operate the IVIS
through a solely auditory menu when driving in dynamic and visually demanding
traffic situations and operating the menu through the HUD while stationary (e.g.,
waiting at traffic lights) or in low-density traffic. On the other hand, no objectively-
measured differences were reported between different interfaces (e.g., task comple-
tion times, driving penalty points, cognitive workload, etc.).

The evaluation of novel technologies and such novel HMIs described above is
often performed in a driving simulator which provides a safe and controllable
environment. The final goal of the simulator is to immerse the driver in a realistic
virtual world that imitates real-world scenarios and situations. An important com-
ponent of modern driving simulators is also 3D sound, which can be played
through headphones or external loudspeakers. The sound system of the VIRTTEX
driving simulator uses binaural recordings of a real vehicle which were recorded
with a binaural head in the driver’s seat (Blommer and Greenberg 2003). The
playback of these sounds on external speakers requires various equalization tech-
niques, which are achieved solely with conventional “off-the-shelf” audio hard-
ware. In another version of driving simulator, Mourant and Refsland (2003) also
modeled sounds of squealing tires, the engine noise of autonomous vehicles, and
the siren of a police vehicle.

4.6 Visually-Impaired and Blind Users

Visually-impaired and blind users perceive the surrounding world differently to
sighted people. They are unable to use their visual sense for orientation, navigation,
or mobility and have to learn to exploit other senses such as feeling and hearing.
Additionally, their interaction with information and communication technology has
to be adapted to use these alternative senses. Spatial sound offers an excellent
upgrade of various auditory interfaces for the visually impaired and blind by
describing the locations of real world objects and interface modules with positions
of virtual sound sources. In this chapter we summarize several different spatial
auditory interfaces for the navigation and orientation of visually-impaired users in
space, as well as interfaces for computers and mobile devices.

The vOiCe is an early, although still in use, example of a navigational tool for the
visually impaired based on the direct conversion of a video image into a 3D audio
signal (Meijer 1992). The video signal is acquired by a video camera and converted
into a black-and-white image consisting of 64 x 64 pixels. The image is then sonified
with an acoustics scanner moving through all columns of the image from left to right.
The output sound image is spatialized so that the direction of the sonar can be clearly
perceived by the listener. Individual columns of the image consisting of 64 pixels are

Meta Platforms, Inc.
Exhibit 1063
Page 075



4.6 Visually-Impaired and Blind Users 67

represented as 64 harmonics of different frequencies. The pixels at higher physical
positions in the image are coded with high frequencies, while pixels at lower positions
are coded with lower frequencies. The color, or the intensity of each pixel (from white
to black), is coded as an intensity of sound for that pixel. Such an artificial coding
scheme has to be learned by users in order to be used effectively and in the real world.
The system runs on various mobile devices and can be used as a supportive navigation
tool. The authors reported the high usability of the system and the capability of their
users to actually “see” the environment with sound.

The majority of modern HCI is based on GUIs consisting of windows, icons,
menus, pointers, etc. These are not directly useful for visually-impaired and blind
computer users, as they are usually shown on displays and can only be perceived
through the visual channel and visual communication. Visually-impaired and blind
computer users have learned to use such interfaces with speech synthesizers and
screen-reading software—often referred to as Screen Readers (2014). This software
provides verbalization of the graphical interaction and enables the user to review the
content of the screen and track changes on the screen through voice messages and
descriptions. The output is mainly a text-to-speech auditory signal with varying
speech timbre, pitch, speed, etc. Another alternative is a Refreshable Braille Display
(2014), which represents a selected portion of the GUI and is read actively with the
fingers. Both the screen reader and the Braille displays represent just one selected
node of the visual interface. The selection is usually performed with a classical
computer keyboard.

Crispien et al. (1994) proposed a spatial auditory representation of the computer
screen. Screen objects are described as auditory objects consisting of specific sound
representations at different spatial positions. The positions of auditory objects are
described as three-component vectors in space. 2D rectangular screen positions are
transformed into 3D auditory positions in the frontal hemisphere of the listener. The
back hemisphere could also be used for the presentation of extraordinary events, such
as warning messages and help information. The synthesized speech signals are there-
fore processed spatially to describe their original screen positions. This can provide
immediate understanding of the text layout within a word processor application.

A similar solution of spatially-positioned synthesized speech has also been pro-
posed by Sodnik et al. (2012). A standard screen reader is upgraded with spatial
sound and the capability of manipulating and changing the spatial position of the
synthesized speech. The system consists of standardized and generally-available
software components and a custom Java application (Sodnik and Tomazi¢ 2011). It
is integrated into a word processing application that enables manipulation of the
spatial positions of synthesized speech in real time. The speech output can be posi-
tioned at different spatial locations by varying the azimuth and elevation from —20°
to 20°, respectively. In the case of tables, the dimensions and locations of individual
cells are also described as sources at different positions. Text styles (i.e., italic, bold,
or underlined text) are presented with different variations of pitch and rate of speech.
The proposed system was evaluated in a user study with visually-impaired and blind
users and compared to a conventional screen reader equipped with a Braille display.
Users were asked to read and process a text file and collect information about its
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form and structure. The text file included a varying number of columns, text styles,
and tables. The proposed spatial screen reader proved to be as accurate as the tactile
interface, but more than 160 % faster. It also proved to be very intuitive and well
understood by the majority of users.

Mereu and Kazman (1996) also studied the effects of sound in a 3D computer
interface with visually-impaired users by asking them to locate a target at a specific
spatial position by moving a mouse cursor to that location (up/down arrow keys
were used in addition to the mouse to control movement in the third dimension).
Test subjects continually hear the target’s location as well as the current location of
the mouse cursor. The authors proposed a custom sound coding to describe the spa-
tial locations of various objects. The azimuth is coded as a balance between the left
and right channel, the elevation is coded as a corresponding change of pitch, while
the distance is coded as a variation of the volume of the sound signal. Two different
sound signals are used: a simple tone and a musical piece. In another alternative
(i.e., the “musical” condition), different musical instruments are used to indicate
different spatial positions. When the mouse cursor is moved to a selected spatial
position, the corresponding musical instrument starts playing loudly while other
instruments are decreased in volume to be heard only in the background. The use of
only simple tones proved to be the preferred method for visually-impaired users.

Various binaural simulation techniques and room acoustics can also be used to
generate various general interfaces for visually-impaired people, enabling them to
use computers and selected tools and applications. Frauenberger and Noistering
(2003) proposed a Virtual Audio Reality (VAR) system based on a surrounding
spatial audio interface. The windows, menus, and icons of the interface are pre-
sented as earcons located at different locations in a virtual room. Various earcons
can also be grouped to parent earcons to provide a smaller number of independent
sources. The user acts as a pointer device which can virtually move to a desired
earcon and interact with it. The interaction is performed with a joystick that has
three axes, enabling transversal movements in the X and Y directions and rotations
around the Z axis. A head-tracking device is used in addition to detect head rota-
tions and improve localization. The system runs with the aid of an external DSP
controlled by a hosting personal computer. The DSP provides the high computa-
tional power required for real-time rendering of spatial audio.

Frauenberger et al. (2004a, b) also proposed a spatial auditory interface for naviga-
tion in a structured menu, text input, selection of item in a list, selections, and confir-
mation of various messages and alerts. It represents an auditory version of a graphical
interface consisting of menus, lists, text fields, buttons, and check boxes. The meta-
phor used is a large virtual room where up to six presented items are arranged in a
semicircle in front of the user. The interaction with the items is performed through
keyboard and head movements. An individual item is played when faced by the user.
The active angle of each item is 10°. Additionally, acoustic zooming is provided by
weighting the input gain of selected sources. Individual items are presented with audi-
tory icons playing in a loop. Each source position is superimposed by a continuous
musical tone whose pitch increases from left to right and, therefore, improves local-
ization. This system is implemented on a customized personal computer equipped
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with headphones and a head-tracking device. It was also evaluated in a study with four
users whom were blind or visually impaired. They were asked to perform different
selecting tasks and tasks for entering data into the system. The results showed that
complex applications can be effectively used through such a spatial auditory interface,
yet interestingly no significant difference was observed between the performance of
visually-impaired and normal-sighted users. The authors established that auditory
interfaces should be designed without visual concepts in mind (Frauenberger et al.
2005; Frauenberger and Stockman 2006). They introduced a set of mode-independent
interaction patterns along with their transformation in the auditory domain. The audi-
tory interface for MS Explorer was chosen as an example in order to demonstrate
some problems with the representation of sound.

Sodnik et al. (2011) presented another auditory presentation of the hierarchical
menu structure of a MS Windows-like application for visually-impaired and blind
users. Individual menu items are presented with prerecorded spoken commands,
which are played with different speeds and sound something like spearcons, but
slower and still completely intelligible. On each level of the menu, a group of items is
presented horizontally or vertically, enabling the user to select any of them (Fig. 4.4).

Each branch of the menu has corresponding background music whose pitch
changes with depth (i.e., similar to the mechanism described in Sodnik et al. (2008)).
The changing pitch intends to give additional feedback about the current position in
the hierarchical structure. In the horizontal version of the interface, the menu items
are positioned on a virtual ring surrounding the user’s head. Up to three sources are
played semi-simultaneously (e.g., one shortly after the other with 200 ms of silence
in between). In the vertical interface, the menu items are aligned vertically one
above or below the other. In order to improve the localization accuracy of sources at
different elevations, an artificial coding of elevation is performed, as suggested by
Susnik et al. (2008). This method suggests that elevation of sound sources can addi-
tionally be emphasized by variance in pitch. There is a 15 % difference in pitch
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Fig. 4.4 Horizontal and vertical configuration of simultaneous sound sources in the hierarchical
menu (Sodnik et al. 2012)
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between two neighboring vertical menu items. In both interfaces the interaction is
based on a standard keyboard using arrow keys to move in various directions in the
menu. The system can run on a normal off-the-shelf computer with no additional
specific hardware. It was evaluated in a user study with 12 blind and visually-
impaired computer users, who preferred such auditory interfaces with just one
sound being played at a given time. The use of multiple simultaneous sounds proved
to be too cognitively demanding, resulting in longer task completion times.

Crispien et al. (1996) also investigated auditory interfaces for hierarchical navi-
gation schemes and proposed another version of the “ring” metaphor. The items
available at a specific level of the menu form a virtual ring in a horizontal plain sur-
rounding the user. Up to 12 objects are available at each level, with a spacing of 30°.
Only three objects in the focus area (e.g., an angle of 90°) are played simultane-
ously. The focus area changes based on the user’s head rotations and rotations of the
virtual ring through various input commands. The items which fall out of the focus
area fade out and new items fade in. The input commands include 3D pointing,
various hand gestures, and speech input. The system requires several PCs as well as
DSP units to run in real time.

Jagdish and Gupta (2008) presented a different approach to the auditory presentation
of a graphical interface. The system, called SonicGrid, is intended to help visually-
impaired and blind users to navigate in GUI-based environments in a non-linear spatial
presentation. It is based on an interactive grid layer on the screen that gives non-speech
sound feedback. A stereo signal with changing volume between the left and right
speaker is used to code the horizontal direction of auditory elements. The mechanism of
changing the pitch is used for the vertical dimension. Auditory elements at lower physi-
cal positions are presented with low-pitch signals and elements at higher positions with
high-pitch signals. The authors evaluated the system and reported it to be effective, but
also reported that it required a certain amount of learning time before actual use.

Nowadays, the use of Internet and the World Wide Web services has increased
dramatically as more and more services are available solely online, targeting users of
all ages and with only basic technical skills. The basic mechanism for defining and
describing web pages is the Hyper Text Markup Language (HTML) which uses
markup tags to describe their structural semantics. Sighted users access web pages
with the aid of visual web browsers which render all graphical and multimedia HTML
content. The structure of the document is of key importance to its comprehension. It is
even more important when an HTML document is accessed by the screen reading
software and audio browsers available to visually-impaired and blind people. Goose
and Moller (1999) proposed a spatial audio browser which enables the sequential
acoustic projection of a structured hypermedia document to the “Stage-Arc”. The lat-
ter is represented as a reduced semicircle in front of the listener from which the docu-
ment content is spoken. Three high volume male voices read the document content out
loud (e.g., headers, content, and hypermedia link anchors respectively) from a fixed
position at the midpoint of the arc, while a second, low-volume female voice moves
along the arc and periodically announces the current position through the document as
a percentage. Additionally, when hypermedia links are detected in the content, earcons
are played at the corresponding positions of the circle. Various sound effects indicate
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intra-document links and movements within the document. A 3D “sound survey” is
used to indicate the presence of links in the surrounding area of the user’s current posi-
tion within the document. It consists of four distinct earcons reporting on positions and
context information in the selected region of the content. The authors report that these
features can improve the user’s comprehension of HTML document structure and
enable effective navigation and orientation within the document.

Another approach of presenting web content aurally has been proposed by Roth
et al. (1999, 2000). In the proposed solution, called AB-Web, a macro-analysis pro-
vides a spatial representation and exploration of HTML documents, while a micro-
analysis can be used to retrieve the content of selected elements. The macro-analysis
is performed by moving a finger on a touch-sensitive screen while the system
responds with spatial audio feedback about the location and type of content. Earcons
are used to represent HTML elements (e.g., a typewriter sound represents text,
while a camera shutter sound represents an image) and placed in the 3D sound space
to inform the user about the location of these elements. The micro-analysis uses
speech synthesis to present selected portions of the document.

Children and adolescents also represent a large part of the blind and visually-impaired
population. They need to learn how to use their auditory channel to sense and interpret
the environment and their surroundings. Sdnchez and Sdenz (2006) focused on children
with visual impairment and proposed a 3D virtual environment called AudioChile which
uses spatial audio to develop children’s problem-solving skills (e.g., searching, mobili-
zation, localization, orientation, etc.). The main components of the virtual environment
are models of three major Chilean cities, which are presented through spatial sound and
provide a sense of spatiality and immersion in the game. Sound emerges from different
obstacles, boundaries of paths and labyrinths, other characters, etc. The authors reported
very encouraging and positive feedback from the participants in a user study. In addi-
tion, they also proposed AudioMetro (Sanchez and Sdenz 2010), another virtual envi-
ronment for planning, practicing, and learning about the underground Metro system. It
is intended for blind children to help them learn how to navigate and orient themselves
in the Santiago Metro Network system and to plan and simulate trips within the city. The
idea is that later the users will be able to use this knowledge in a real environment. The
sounds used in the virtual environment are representations of the real Metro system,
imitating the sequence and duration of the real sounds that correspond to certain situa-
tions they will encounter during the real trip. Spatial sounds coming from different
directions help users with orientation within the environment. The user study confirmed
the positive impact of the software on the development of cognitive, sensory, and psy-
chomotor skills for the orientation and mobility of blind users.

4.7 Brain-Computer Interfaces

Human brains are filled with neurons connected to one another by dendrites and
axons (Grabianowski 2007). Every time we think, feel, try to move or remember
something, our neurons exchange small electric signals. These signals are generated
by the difference in electric potential carried by ions on the membrane of each
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neuron. The electroencephalographic activity can provide a new non-muscular
channel for communication with the external world (Wolpaw et al. 2002). A brain-
computer interface (BCI) can therefore be best described as direct communication
between the brain and some sort of external device.

BClIs are mostly used for assisting basic human cognitive or sensory motor func-
tions or for augmenting them with additional features and capabilities. They can, for
example, use visual stimuli to maintain communication in severely paralyzed
patients but only if their vision is intact. Nijboer et al. (2008) proposed the use of
sensorimotor thythm (SMR) as an auditory input signal for BCI. They compared the
performance based on auditory and visual stimuli and tried to determine if healthy
participants can achieve the same level of performance with both auditory and
visual feedbacks. Their tests showed that, at the beginning of training, visual feed-
back of SMR led to better average BCI performance than auditory feedback; after
this initial period, however, both dropped significantly. After several sessions both
stimuli performed with comparable accuracy, which indicated that auditory feed-
back is similarly effective but requires more training.

Various studies of human brain activity concentrate on a PCI300 wave, an event
related potential (ERP) evoked in the process of thinking and decision making
(Chapman and Bragdon 1964). It can be detected and recorded by an electroen-
cephalogram (EEG) as a positive deflection in voltage with a latency of 200—700 ms
after stimulus onset. In the context of BCI, the visual P300 ERP can be used to
select letters displayed on a computer monitor in the form of a 6 x 6 matrix of char-
acters (Farwell and Donchin 1988). The user has to focus on one of the 36 charac-
ters in the matrix. The rows and columns of the matrix are then illuminated in
random order. When the illuminated row or column contains the chosen letter, a
P300 ERP appears. A special classifier is then used to determine the exact character
based on the cross-sections of rows and columns. Furdea et al. (2009) proposed the
use of ERP elicited by an auditory stimulus as an input signal. They report on a
study where they attempted to determine whether BCI users could select characters
from an auditorily presented 5 x5 matrix of letters. Each character’s position in the
matrix was determined by two auditorily presented number words indicating the
row and the column. The user had to listen to two target sounds representing the
coordinates of the selected character. Visual presentation of the matrix was used
solely to help the users remember the coordinates of individual letters. ERP speller
proved to be quite efficient—in some cases the users were 100 % accurate—but did
not achieve the performance comparable to a visual ERP speller in terms of speed
and efficiency. Chang et al. (2013) report an extensive study with a spatial auditory
speller where visual letters and synthetic vowels were represented as spatial sounds.
The users were played visual, auditory or audiovisual stimuli from five different
spatial locations. The visual representation was displayed on a large computer dis-
play positioned in front of the user, while the auditory stimuli were produced by
vector based virtual sound panning technique. The set of spatial positions included
the following azimuths: —45°, =22.5, 0°, 22.5° and 45°. The visual and audiovisual
spellers outperformed the spatial auditory speller significantly, since the latter
resulted in only 52 % mean accuracy of recognition. Nakaizumi et al. (2014) pro-
posed an extended version of the spatial auditory BCI speller by using HRIR for
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virtual sound image spatialization with headphone-based reproduction. The monau-
ral sounds of vowels (a, i, u, e, 0) were spatialized with filters from the CIPIC HRTF
library and positioned at azimuth locations of —80°, —40°, 0°, 40° and 80°. The EEG
results confirmed the P300 responses of users. Also in this case the mean accuracy
was not very good but showed the tendency towards improvement with more
training.

The majority of auditory BCI systems results in a binary output where ERPs are
triggered by two sequences of target and non-target tones. In the experiment reported
by Hill et al. (2004) both ears received the same sequence simultaneously but with
a different inter-stimulus interval. The users were asked to focus on one of the
streams by counting the number of target tones in that stream. Due to the difference
in inter-stimulus interval, the ERP response to the left channel differed from the
response to the right channel. Similarly Kanoh et al. (2008) explored the human
capability of separating audio streams to output a binary BCI command. Two differ-
ent streams were played to the user and if the inter-stimulus interval of the streams
was short, the user could naturally segregate them into two independent streams that
could further be identified as two different ERPs. Schreuder et al. (2010) suggested
the use of spatial sound and spatial cues as stimuli in BCI, since this could help the
users to discriminate more than just two different classes. They presented the users
with five speakers positioned at different locations in front of them. The speakers
were at ear height and at a distance of approx. 1 m. All speakers were used to play
the same stimulus—a 40 ms sequence of white noise with a tone overlay. The dis-
criminating cues in the stimuli were their physical properties (e.g., pitch, loudness)
and spatial locations. The test subjects were able to distinguish between the stimuli
in approximately 70 % of the cases. If in-ear headphones were used instead of real
speakers, the identification of target direction was very difficult. Rutkowski et al.
(2010) extended the spatial sound design by also adding actual speakers to play the
stimuli. They used seven speakers which could produce seven different BCI com-
mands. The users were positioned in the middle of the 7.1 speaker system and were
asked to concentrate on the direction of a single speaker and ignore the others. The
target and non-target direction sequences were presented randomly. Their results
confirmed that it is possible to determine specific components in the EEG signals
evoked when concentrating on a selected sound.

The results of these studies are encouraging for further development of auditory
and spatial auditory BCls; however, their feasibility for real-world applications is
currently rather limited due to limited accuracy and dependability. In addition, vari-
ous studies have shown also that psychological factors such as motivation and mood
also affect the BCI usability and performance in real-life applications.

4.8 Conclusion

The examples of spatial auditory interfaces reviewed in this chapter represent a
special group of auditory interfaces that use the position of sounds and sound
sources as additional informational cues in an interface. They offer an excellent
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alternative for exchanging information between a device and a user engaged in
some sort of primary activity, such as walking, running, or driving, a user engaged
in a virtual world or a user with visual impairment. Most of the prototypes of the
advanced spatial auditory interfaces reviewed in this chapter are still not integrated
into commercially-available products, but have proven to be very effective and use-
ful in various situations and environments. The explained interaction techniques
and the corresponding input and output modalities are expected to have a much
stronger impact on future devices and environments, in which auditory interfaces
will play an import role.
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