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ing from the sound of their own footsteps to the sounds of other shoppers to the mechanical
s from cash registers, scanners, escalators, and other machines. In control room situations
nuclear power plants, air traffic control centers, or the bridge of a ship, sounds such as
shs, switches being toggled, and verbal communications with other people in the room (includ-
unds of stress or uncertainty) provide vital information for participants. The location of these
, switches, and alarms also provides information concerning their function and importance.
abserice of these basic auditory cues, situational awareness is severely degraded. The same
it VEs.

¢ entertainment industry has recognized that sound is a vital aspect of creating ambience and
on for films. George Lucas, best recognized by the public for stunning visual effects in his
has stated that sound is 50% of the movie experience (THX Certified Training Program,
nVEs, the argument is often erroneously made that sound is sccondary, since the visual
of a police car chasing down a city street can be compelling on its own. However, without
ropriate sounds (squealing tires, a police siren, the tortured breathing of the driver, etc.), the
tiotial impact of a simulation is muted. The sound quality of footsteps depends on whether you
in grass, on pavement, or in a hallway. Likewise, the sound of one’s own voice differs depending
ether you are inside a room or in an open field. These are the types of things that create ambi-
nd feeling in film; the same is true in VEs.

4.1 INTRODUCTION

Auditory processing is often given little attention when designing virtual environments (VEs) or, .
simulations. This lack of attention is unfortunate because auditory cues play a crucial role in every-: .
day life. Auditory cues increase awareness of surroundings, cue visual attention, and convey a_
variety of complex information without taxing the visual system. The entertainment industry has -
long recognized the importance of sound to creatc ambience and emotion, aspects that are often
lacking in VEs. Placing somcone in a virtual world with an improperly designed auditory interface’
is equivalent to creating a viriual hearing impairment for the user, making them less aware of their.
surroundings, and contributing to feelings of isolation. .
Auditory perception, especially localization, is a complex phenomenon affected by physiol-
ogy, expectation, and even the visual interface. This chapter will consider different methods for: ¢
creating auditory interfaces. As will be discussed, spatialized audio using headphones or trans-
aural systems is necessary to create compelling sound, and spatialized sound offers the sound
engineer the greatest amount of control over the auditory experience of the listener. Multichannel
audio systéms can produce virtual sound events in 31 to some extent, but they require complex
equipment and signal processing. For many applications, especially using projection screens,
standard stereo speaker systems may be simpler to implement and provide benelits not available -
to headphone systems. Properly designed speaker systems, especially using subwoofers, may
contribute to emotional context. The positives and negatives associated with each option will be
discussed.
It is impossible to include everything that needs to be known about designing auditory interfaces
in a single chapter. The current aim is to provide a starting point, laying out the essential theory
behind implementing sound in a VE without overwhelming the novice designer. Instead of trying to .
feview all perceptual and technical issues related to creating virtual auditory displays, this chapter
focuses on fundamental aspects of spatial auditory perception and the generation of spatial auditory -
cues in VEs. Specifically, the chapter begins by introducing basic properties of sound and discu:
ing the perception of these sound properties (psychoacoustics), with a special emphasis on spatial
hearing: General techniques for producing auditory stimuli, both with and without spatial cues, |
ate then considered (see Letowski et al., 2001, for a Jexicon for understanding auditory displays).
Unlike the visual channel, very little effort has been put into formulating theories concerning the -
cteation of synthetic sound sources in VEs; the question of how to generate realistic sounds (rathet
than using sources from some precomputed, stored library of source sounds) is beyond the scope of
this chapter. In addition, the technology involved in producing spatialized audio is rapidly changing,
with new products introduced all the time as others disappear, so that any specific recommendations -
would quickly be dated. Fowever, an overview of current technology and solutions is presented at
the conclusion of the chapter.

2  Presence/Immersion and Perceived Simulation Quality

nice (Chertoff & Schatz, 2013; Chapter 34, this book) can be defined as the “sensc of being
mersed in a simulation or virtual environment.” Such a nebulous concept is difficult to quan-
Although definitive evidence is lacking, it is generally believed that the sense of presence
ependent on auditory, visual, and tactile fidelity (Sheridan, 1996). Referring back to the
Us Section, it can be inferred that as environmental realism increases, the sense of pres-
¢ increases. However, although realism probably contributes to the sense of presence, it is
écessarily truc that an increased sensc of presence results in a greater sense of realism.
fically, although virtual or spatial audio does not necessarily increase the perceived realism
E, it does increase the sense of presence (Hendrix & Barfield, 1996). Thus, if implemented
11y, appropriately designed audio increases the overall sense of presence in a VE or simula-
ndeed, using medium- and high-quality auditory displays can enhance the perceived quality
isual displays. Inversely, using low-quality auditory displays reduces the perceived quality of
al displays (Storms, 1998).

~Selective Auditory Attention

a multisource sound environment, it is easier to segregate, attend to, and comprehend sound
es if they are separated in space, something known as the cockiail party effect (Cherry, 1953;
in-Cunningham, 2008; Yost, 2006). This ability to direct selective auditory attention, which
es a listener to process whatever sound source is most important at a given moment, is critical
any common situations such as teleconferencing (Begault, 1999) or multichannel radio com-
cations (Begault, 1993; Begault & Wenzel, 1992; Haas, Gainer, Wightman, Couch, & Shilling,
97). Even when spatial sound cues are imperfect (which can degrade sound localization accu-
), they can improve communication in multichannel situations (Drullman & Bronkhorst, 2000;
inn-Cunningham, Thlefeld, & Satyavarta, 2005).

Spatial Auditory Displays

ile graphical displays are an obvious choice for displaying spatial information to a human
rator (particularly after considering the spatial acuity of the visual channel), the visual chan-
often overloaded, with operators monitoring a myriad of dials, gauges, and graphic dis-
In these cases, spatial auditory cues can provide invaluable information to an operator,

4.1.1  Why ARE VIRTUAL AUDITORY INTERFACES IMPORTANT?

4.1.1.1 Environmental Realism and Ambience :
If it does nothing else, an auditory interface should convey basic information about the VE to the:
user. For instance, in the real world, pedestrians walking through a shopping area are aware of |
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from 4 modeling standpoint, this relationship is important when considering the Doppler shift.
ound source is moving toward a listener, the perceived frequency increases because the wave-
is compressed as a function of the velocity () of the moving source. This compression can be
ned by the equation A = (c — v)if. For negative velocities (i.e., for sources moving away), this
on describes a relative increase in the wavelength (and a concomitant decrease in frequency).

particularly when the visual channel is saturated (Begault, 1993; Bronkhorst, Veltman, & van
Breda, 1996; Shilling & Letowski, 2000). Spatial auditory displays are also being developed for
use in applications for which visual information provides no benefit, for instance, in limited field-
of-view (FOV) applications or when presenting information to the blind. In command/control
applications, the primary goal is to convey unambiguous information to the human operator. In .
such situations, realism, per se, is not useful, except to the extent that it makes the operator’s
task easier (i.e., reduces the workload); however, spatial resolution is critical. In these applica-
tions, signal-processing schemes that could enhance the amount of information transferred to
the human operator may be useful, even if the result is unnatural, as long as the user is able
to extract this information (e.g., see Durlach, Shinn-Cunningham, & Held, 1993). It should bé
noted that when designing spatialized auditory displays for noisy environments such as cockpits, -
electronic noise cancellation technology should be employed and user’s hearing loss taken into’
account to make certain that the displayed information is perceptible to the user (Begault, 1996).
Also, for high-g environments, more work needs to be conducted to discover the contribution:
of g-forces to displacements in sound localization (e.g., Clark & Graybiel, 1949; DiZio, Held,
Lackner, Shinn-Cunningham, & Durlach, 2001).

amplitude of the waveform determines the intensity of a sound stimulus. It should not be con-

however, with the sound intensity defined in physics as the sound energy propagating per
d through a reference area. The meaning of intensity in the context of this chapter is simply the
ng of strength. It is measured in decibels (dB). Decibels give the level of sound (on a logarith-
le) relative to some reference level, One common reference level is 2 x 10~° N/m?. Decibels
nced to this value are commonly used to describe sound intensity expressed in units of dB
ressure level (SPL). The sound level in dB SPL can be computed by the following equation:

dB SPL =20 log), [ RMS sourf plessme)
20x107 N/m?

4.1.1.5 Cross-Modal Interactions
The importance of multimodal interactions involving the auditory system cannot be ignored
(Popescu et al., 2014, Chapter 17; Simpson Cowgill, Gilkey, & Weiscnberger, 2014, Chapter 13).
A whole range of studies show that judgments about one sensory modality are influenced by infor:
mation in other sensory modalities. For instance, localized auditory cues reduce response times
to visual targets (Frens, van Opslal, & van der Willigen, 1995; Perrott, Saberi, Brown, & Strybel,
1990; Perrott, Sadralodabai, Saberi, & Strybel, 1991). Similarly, the number of auditory events
affects the perceived number of visual events occurring at that time (e.g., see Shams, Kamitani, &
Shimojo, 2004). Even noninformative auditory cues can improve accuracy of perception of visual

motion (Kim, Peters, & Sham, 2012), demonstrating the power of cross-modal perceptual effects: .
Auditory cues also augment or even substitute for tactile and/or visual information about events
that are difficult to perceive in these other modalities, such as visual information outside a limited
FOV. Through such cross-modal interactions, auditory cues can play an important role in convey-
ing information that may, superficially, seem to be more naturally communicated through some
other sensory channel.

hreshold of hearing is in the range of 0—10 dB SPL for most sounds, although the actual
bld depends on the spectral content of the sound. When measuring sound strength in the real
is measured with a sound pressure meter. Most sound pressure meters allow one to collect
nd-level information using different scales that weight energy in different frequencies differently
tder to approximate the sensitivity of the human auditory system to sound at low-, moderate-,
h-intensity levels. These scales are known as A, B, and C weighted scales, respectively. The
cale is rarely used; however, the C scale (dBC) is useful for evaluating noise levels in high-
ity environments such as traffic noise and ambient cockpit noise. The frequency response of
C measurement is closer to an unfiltered (flat) responsc than dBA. In fact, when conducting
und surveys in a complex noise environment, it is prudent to measure sound level in both dBA and
Atesponsc (or dBC) Lo make an accurate assessment of the audio environment.

quency, intensity, and complexity are physical properties of an acoustic waveform. The per-
analogs for frequency, intensity, and complexity are pitch, loudness, and timbre, respectively.
ugh the distinction between physical and perceptual measures of sound properties is an impor-
ne, both physical and perceptual descriptions arc important when designing auditory displays.

4.2 PHYSICAL ACOUSTICS
- PSYCHOPHYSICS

he basic sensitivity of the auditory system is reviewed in detail in a number of textbooks (e.g.,

Gelfand, 1998; Moore, 1997; Yost, 2006; Zwicker & Fastl, 2007). This section provides a brief

rview of some aspects of human auditory sensitivity that are important to consider when design-

g auditory VEs.

4.2.1 PROPERTIES OF SOUND

Sound is a pressure wave produced when an object vibrates rapidly back and forth. The diaphragm
of a speaker produces sound by pushing against molecules of air, thus creating an area of high pres-
sure (condensation). As the speaker’s diaphragm returns to its resting position, it creates an arca of.
low pressure (rarefaction). This localized disturbance travels through the air as a wave of alternat- .
ing low pressure and high pressure at approximately 344 m/s or 1128 ft/s (at 70°F), depending on’ ' 1 FREQUENCY ANALYSIS IN THE AUDITORY SYSTEM
temperature and humidity.
he ‘cochlea, acoustic signals are broken down into constituent frequency components by a
echanical Fourier-like analysis. Along the length of the cochlea, the frequency to which that
ion of the cochlea responds varies systematically from high to low frequencies. The strength
of eural signals carried by the auditory nerve fibers arrayed along the length of the cochlea varies
"\‘h the mechanical displacement of the corresponding section of the cochlea. As a result, each
ctve fiber can be thought of as a frequency channel that conveys information about the energy and
ming of the input signal within a restricted frequency region. At all stages of the auditory system,
¢ multiple frequency channels are evident.

4.2.1.1 Frequency
If the musical note “A” is played as a pure sinusoid, there will be 440 condensations and rarefactions
per second. The distance between two adjacent condensations or rarefactions, typically represented
by the symbol A, equals the wavelength of the sound wave. The velocity at which the sound wave
is traveling is denoted as c. The time one full oscillatory cycle (condensation through rarefaction)
takes is called the frequency (f) and is expressed in Hertz or cycles per second. The relationship
between frequency, velocity, and wavelength is given by f'= c/A.
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Although the bandwidth changes with the level of the input signal and with input frequency, to
crude first-order approximation, one can think of the frequency selectivity of the auditory system a
constant on a log-frequency basis (approximately onc-third octave wide). Thus, a particular auditor;
nerve responds to acoustic energy at and near a particular frequency. i

Humans are sensitive to acoustic energy at frequencies between about 20 and 22,000 H:
Absolute sensitivity varies with frequency. Humans are most sensitive to energy at frequencie
around 2000 Hz and are less sensitive for frequencies below and above this range.

The fact that input waveforms are deconstructed into constituent frequencies affects all aspeef
of auditory perception. Many behavioral results are best understood by considering the activity
the auditory nerve fibers, each of which responds to energy within about a third of an octave of
particular best frequency. For instance, the ability to detect a sinusoidal signal in a noise backgroun
degrades dramatically when the noise spectrum is within a third octave of the sinusoid frequenc;
When a noise is spectrally remote from a sinusoidal target, it causes much less interference with th
detection of the sinusoid. These factors are important when onc considers the spectral content
ditferent sounds that are to be used in an auditory VE. For instance, if one must monitor multiple:
kinds of alerting sounds, choosing signals that are spectrally remote from one another will impro
a listener’s ability to detect and respond to different signals.

lﬁara[e sounds may be less than the sum of the response to the individual sounds. These
nteractions can suppress the response to what would (in isolation) be an audible event.

ore central factors influence masking as well. For instance, backward masking may
fier-order processing that limits the amount of information extracted from an initial sound
: ncé of a second sound. The term informational masking refers to all masking that cannot
od by peripheral intcractions in the transduction of sound by the auditory periphery. Most
cts can be traced to problems with segregating a source of interest from other, competing
roblems with identifying which source in a sound mixture is the most important (target)
“some combination thereof (Shinn-Cunningham, 2008). These failures of sclective audi-
tion can have significant impact on perception, even for sounds that are clearly audible.
nce, perceptual sensitivity in discrimination and detection tasks is often degraded when
ncertainty about the characteristics of a target source (e.g., see Yost, 2006, pp. 219-220).

iTcH AND TIMBRE

sound intensity is the physical correlate of the percept of loudness, source frequency is most
related to the percept of pitch. For sound waves that are periodic (including pure sinusoids, for
¢), the perceived pirch of a sound is directly related to the inverse of the period of the sound
us, sounds with low pitch have relative long periods and sounds with high pitch gencrally
ort periods. Many real-world sounds are not strictly periodic in that they have a temporal pat-
t repeats over time but has fluctuations from one cycle to the next. Examples of such pseudo-

nals include the sound produced by a flute or a vowel sound spoken alond. The perceived
uch sounds is well predicted by the average period of the cyclical variations in the stimulus.
percept of pitch is not uniformly strong for all sound sources. In fact, nonperiodic sources
wich-as noise do not have a salient pitch associated with them. For relatively narrow sources that are
- or for band-limited noise, a weak percept of pitch can arise that depends on the center
oy or the cutoff frequency of the spectral energy of the signal, respectively. In fact, perceived
s affected by a wide variety of stimulus attributes, including temporal structure, frequency
harmonicity, and even loudness. Although the pitch of a pure sinusoid is directly related to
ncy; there is no single physical parameter that can predict perceived pitch for more complex
Nonetheless, for many sounds, pitch is a very salient and robust perceptual feature that can be
convey information to a listener. For instance, in music, pitch conveys melody. In speech, pitch
s avariety of information (ranging from the gender of a speaker to paralinguistic, emotional
nt of a speech). Pitch is also a very important cue for segregating competing sound sources and
wing a listener to focus selective auditory attention on a target source (e.g., see Carlyon, 2004).
percept of timbre is the sound property that cnables a listener to distinguish an oboe from
rumpet. Like pitch, the percept of timbre depends on a number of physical parameters of sound,
ing spectral content and temporal envelope (such as the abruptness of the onset and offset
und). Like pitch, timbre is an important property for enabling listeners to identify a target
ource and thus can be used to convey information through an auditory display (e.g., see Brewster,
ht, & Edwards, 1993). However, sounds with different timbres have different perceptual
ht; a factor that should be considered in designing discrete sounds for an auditory display (e.g.,
hon & McAdams, 2012). As with pitch, timbre is a feature that allows listeners to direct selec-
uditory attention to a desired target amidst competing sounds, enabling them to extract desired
rmation from that source despite the presence of interfering information (e.g., Maddox &
-Cunningham, 2011).

4.3.2  INTENSITY PERCEPTION

Listeners are sensitive to sound intensity on a logarithmic scale. For instance, doubling the lev
of a sound source causes roughly the same perceived change in the loudness independent of ]
reference level. This logarithmic sensitivity Lo sound intensity gives the auditory system a la;
dynamic range. For instance, the range between just detectable sound levels and sounds thata
so loud that they cause pain is roughly 110-120 dB (i.e., an increase in sound pressure by a fa
tor of a million). The majority of the sounds encountered in everyday experience span a dynam
intensity range of 80-90 dB. Typical sound reproduction systems use 16 bits to represent the pre:
sure of the acoustic signal (providing a uscful dynamic range of about 90 dB), which is sufficie
for most simulations.

While sound intensity (a physical measure) affects the Joudness of a sound (a perceptual me
sure), loudness does not grow linearly with intensity. In addition, the same decibel increase in
sound intensity can result in different increments in loudness, depending on the frequency content
of the sound. Thus, intensity and loudness, while closely related, are not equivalent descriptions:
of sound.

4.3.3  MaskiNG ErrecTs

As mentioned earlier, when multiple sources are presented to a listener simultaneously or in rapid
succession, the sources interfere with one another in various ways. For instance, a tone that
audible when played in isolation may be inaudible when a loud noise is presented simultancous ;
Such effects (known as masking effects) arise from a variety of mechanisms, from physical interac-
tions of the separate acoustic waves impinging on the car to high-level, cognitive factors. For a more
complete description of these effects than is given in the following, see Yost (2006, pp. 153-167) ot
Moore (1997, pp. 111-120). -

Simultaneous masking occurs when two sources are played concurrently. However, signals do not
have to be played simultaneously for them to interfere with one another perceptually. For instance,
both forward masking (in which a leading sound interferes with perception of a trailing sound)
and backward masking (in which a lagging sound interferes with perception of a leading sound
occur. Generally speaking, many simultaneous and forward-masking effects are thought to ari
from peripheral interactions that occur at or before the level of the auditory nerve. For instance, the
mechanical vibrations of the basilar membrane are nonlinear, so that the response of the membrane

TemPORAL REsOLUTION

ditory channel is much more sensitive to temporal fluctuationsin sensory inputs thaneither visual
deock, Palmisano, & May, 2013, Chapter 3) or proprioceptive (Dindar, Tekalp, & Basdogan, 2013,
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Chapter 5; Lawson & Riccke, 2014, Chapter 7) channels. For instance, the auditory system can -
detect amplitude fluctuations in input signals up to 50 Hz (i.e., a duty cycle of 20 ms) very easily

(c.g., see Yost, 2006, pp. 146-149). Sensitivity degrades slowly with increasing modulation rate, so 05 E} =
that some sensitivity remains even as the rate approaches 1000 Hz (i.e., temporal fluctuations at a. - ‘w‘,‘\ . %
rate of 1 per ms). The system is also sensitive to small fluctuations in the spectral content of an input 0 _%W__— i
signal for roughly the same modulation speeds. Listeners not only can detect rapid fluctuations in an ‘,:‘ ! g
input stimulus, but they can react quickly to auditory stimuli. For instance, reaction times to audi= o5t o 3

tory stimuli are faster than visual reaction times by 30-40 ms (an improvement of roughly 20%;
e.g., see Welch & Warren, 1986).

0 1 2 3 4 5 05 1 2 5 10 15

4.3.6  SeanAL HEARING

Spatial acuity of the auditory system is far worse than that of the visual (Badcock el al., 2013,
Chapter 3) or proprioceptive (Dindar et al., 2013, Chapter 5; L.awson & Riecke, 2013, Chapter 7) -
systems (for a review, see Middlebrooks & Green, 1991). For a listener to detect an angular dis
placement of a source from the median plane, the source must be displaced laterally by about &
degree. For a source directly to the side, the listener does not always detect a lateral displacement
of 10°. Auditory spatial acuily is even worse in other spatial dimensions. A source in the median
plane must be displaced by as much as 15° for the listener to perceive the directional change accu=
rately. While listeners can judge relative changes in source distance, absolute distance judgments
are often surprisingly inaccurate even under the best of conditions (e.g., see Zahorik, Brungart, &
Bronkhorst, 2005).
Functionally, spatial auditory perception is distinctly different from that of the other spatial
senses of vision and proprioception. For the other spatial senses, position is neurally encoded at
the most peripheral part of the sensory system. For instance, the photoreceptors of the retina are
organized topographically so that a source at a particular position (relative to the direction of gaze)
excites a distinct set of receptors (Badcock et al., 2013, Chapter 3). In contrast, spatial information in
the auditory signals reaching the left and right ears of a listener must be computed from the periph-
eral neural representations. The way in which spatial information is carried by the acoustic signals
reaching the eardrums of a listener has been the subject of much research. This section provides
2 brief review of how acoustic attributes convey spatial information to a listencr and how the pe;
ceived position of a sound source is computed in the brain (for more complete reviews, see Blauert;
1997; Middlebrooks & Green, 1991; Mills, 1972; Wightman & Kistler, 1993).
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E 4.1 Time-domain (left panels) and magnitude spectra (right panels) representations of anechoic
TFs for a human subject. All panels show a source at 90 azimuth and 0 elevation. Top panels are for a
at'15 cm, and bottom panels for a source at 1 m.

0 and elevation 0. The top two panels show the HRTF for a source very close to the head
cm from the center of the head). The bottom two panels show the HRTF for a source 1 m from
ad. In the time domain, it is casy to see the interaural differences in time and intensity, while
1 uency-domain representation shows the spectral notches that occur in HRTFs, as well as the
juency-dependent nature of the interaural level difference (ILD). The ILDs are larger in all
ncies for the nearer source (top panels) as expected. In the time domain, the 1 m source must
s¢ a greater distance to reach the ears than the near source, resulting in additional time delay
the encrgy reaches the ears (note time-onset differences in the impulse responses in the left

4.3.6.1 Head-Related Transfer Functions
The pairs of spatial filters that describe how sound is transformed as it travels through space to
impinge on the left and right cars of a listener are known as head-related transfer functions (HRTFs

HRTFs describe how to simulate the direct sound reaching the listener from a particular position but
do not generally include any yeverberant energy. Empirically measured HRTFs vary mainly with

the direction from head to source but also vary with source distance (particularly for sources within most robust cues for source position depend on differences between the signals reaching the
reach of the listener). For sources beyond about a ineter away, the main effect of distance is just t0 ! tight ears. Such interaural or binaural cues arc robust specifically because they can be
change the overall gain of the HRTFs. In the time domain, the HRTF pair for a particular source nputed by comparing the sighals reaching each ear. As a result, binaural cues allow a listener
location provides the pressure waveforms that would arise at the ears if a perfect impulse were pre- 0.factor out those acoustic attributes that arise from source content from those attributes that arise
sented from the spatial Jocation in question. Often, HRTFs are represented in the frequency domain S

by taking the Fourier transform of time-domain impulse responses. 3 *hepending on the angle between the interaural axis and a sound source, one ear may receive a

HRTFs contain most of the spatial information present in real-world listening situations. In par-
ticular, binaural cues are embodied in the relative phase and magnitude (respectively) of the linear
filters for the left and right ears. Spectral cues and source intensity are present in the absolute
frequency-dependent magnitudes of the two filters.

Figure 4.1 shows two HRTF pairs from a human subject in the time domain (left side of figure)
and in the frequency domain (magnitude only, right side of figure). All panels are for a source af

e laterality (le(t/right location) of the direct sound. The ITD grows with the angle of the source
the median plane; for instance, a source directly to the right of a listener results in an ITD of
800 (is favoring the right ear. ITDs are most salient for sound frequencies below about 2 kHz but
‘at all frequencies in a sound. At higher frequencies, listeners use ITDs in signal envelopes to
efermine source laterality but are insensitive to differences in the interaural phase of the signal.
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del, low-frequency ILDs are constant on spheres centered on the interaural axis (see right
Gigure 4.2). The rate at which the extralarge ILD changes with spatial location decreases as
move far from the head or near the median plane. In fact, once a source is more than a meter
i the head, the contribution of this near-field TLD is perceptually insignificant (Shinn-
gham et al., 2000). In general, positions that give rise to the same binaural cues (i.c., the

i of constant ITD and ILD contours) form a circle centered on the interaural axis (Shinn-
gham et al). Since ITD and ILD sensitivity is imperfect, the locus of positions that cannot
ved from binaural cues may be more accurately described as a torus of confusion centered
nteraural axis. Such tori of confusion degenerate to the more familiar cones of confusion for
s mote than about a meter from a listener.

Listeners can reliably detect ITDs of 10-100 ps (depending on the individual listener), which
grossly correspond to ITDs that would result from a source positioned 1°~10° from the median
plane. Sensitivity to changes in the ITD deteriorates as the reference ITD gets larger. For instance,
the smallest detectable change in ITD around a reference source with an ITD of 600-800 us (cor:
responding to the ITD of a source far to the side of the head) can be more than a factor of 2 larger
than for a reference with zero ITD.

At the high cnd of the audible frequency range, the head of the listener reflects and diffracts s
nals so that less acoustic energy reaches the far side of the head (causing an aco stic head shadow).
Due to the acoustic head shadow, the relative intensity of a sound at the two ears varies with the lat-
eral location of the source. The resulting ILDs generally increase with source frequency and angle
between the source and median plane. TLDs arc perceptually important for determining source
laterality for frequencies above about 2 kHz. :

When a sound source is within reach of a listener, extralarge ILDs (at all frequencies) arise
due to differences in the relative distances from source to left and right ears (e.g., see Brungart &
Rabinowitz, 1999; Duda & Martens, 1998). These additional ILDs are due to differences in the rela-
tive distances from source to left and right cars and help to convey information about the relative
distance and direction of the source from the listener (Shinn-Cunningham, Santarelli, & Kopco,
2000). Other low-frequency ILDs that may arise from the torso appear to help determine the ele-
vation of a source (Algazi, Avendano, & Duda, 2001). Most listeners are able to detect 1L.Ds of
0.5-1 dB, independent of source frequency.

The perceived location of a sound source usually is consistent with the ITD and ILD informa-
tion available, However, therc are multiple source locations that cause roughly the same ITD and
ILD cues. For sources more than a meter from the head, the locus of such points is approximately
a hyperbolic surface of rotation symmeiric about the interaural axis that is known as the cone of
confusion (see left side of Figure 4.2). When a sound is within reach of the listener, extralarge ILDs
provide additional robust, binaural information about the source location. For a simple spherical

Spectral Cues

i clie to resolve source location on the torus of confusion is the spectral content of signals
g the ears. These spectral cues arise due to interactions of the outer ear (pinna) with the
ng sound wave that depend on the relative position of sound source and listener’s head
w;, 1967). Spectral cues only occur at relatively high frequencies, generally above 6 kHz.
nteraural cues for source location, spectral cues can be confused with changes in the spec-
of the source itself. Perhaps because of this ambiguity, listeners are more likely to make
on errors in which responses fall near the correct torus of confusion but are not in the right
ion. Individual differences in spectral filtering of the pinnae arc large and are important when
qg source direction (e.g., see Wenzel, Arruda, Kistler, & Wightman, 1993).

- Anechoic Distance Cues

neral, the intensity of the direct sound reaching a listener (i.., sound that does not come off
ctive surfaces like walls) decreases with the distance of the source. In addition, the atmo-
absorbs cnergy in high, audible frequencies as a sound propagates, causing small changes in
spectrum of the received signal with changes in source distance. If a source is unfamiliar, the
ity and spectrum of the direct sound are not robust cues for distance because they can be con-
nded with changes in the intensity or spectral content (respectively) of the signal emitted from
urce. However, even for unfamiliar sources, overall level and spectral content provide relative
ce information (Mershon, 1997).

Reverberation

rdtion (acoustic energy reaching a listener from indirect paths, via walls, floors, etc.) gen-
~has little affect on or degrades (he perception of source direction (e.g., see Begault, 1993;
ann, 1983; Shinn-Cunningham, 2000b). However, it actually aids in the perception of source
ce'(e.g., see Mershon, Ballenger, Little, McMurty, & Buchanan, 1989; Shinn-Cunningham,
0; & Santarelli, 1999). At least grossly, the intensity of reflected energy received at the ears is
leperident of the position of the source relative to the listencr (although it can vary dramatically
one room to another). As a result, the ratio of direct Lo reverberant energy provides an absolute
ure of source distance for a given listening environment.

LReverberation not only provides a robust cue for source distance, but it also provides informa-
01 about the size and configuration of a listening environment. For instance, information about
ze and spaciousness of a room can be extracted from the pattern of reverberation in the sig-
ef.aching the ears. While many psychophysical studies of sound localization are performed in
oic (or simulated anechoic) environments, reverberation is present (in varying degrees) in vir-
all-everyday listening conditions. Anechoic environments (such as those used in many simu-
s and experiments) seem subjectively unnatural and strange to naive listeners. Conversely,
ing reverberation to a simulation causes all sources to scem more realistic and provides robust
ormation about relative source distance (e.g., see Begault, Wenzel, Lee, & Anderson, 2012;
U ‘gart & D’Angelo, 1995). While reverberation may improve distance perception and improve

Meters from interaural axis

Meters from median plane

FIGURE 4.2 Tso-ITD (left side of figure) and iso-ILD (right side of figure) contours for sources near the.
head. On the left, sources at each location along a contour give rise to nearly the same ITD. On the right,
sources at cach location along a contour give rise to nearly the same unique near-ficld ILD component. .
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the realism of a display, it can decrease accuracy in directional perception, albeit slightly, and may -
interfere with the ability to extract information in a source signal (e.g., degrade specch) and to attend:
to multiple sources (e.g., see Section 4.3.6.8).

aence of the later sound diminishes with repetition of the sound pairing, as if the listener learns
count the lagging echo (Freyman, Clifton, & Litovsky, 1991).

9 Benefits of Binaural Hearing
ers benefit from receiving different signals at the two cars in a number of ways. As discussed
er, ITD and ILD cues allow listeners to determine the location of sound sources. However,
ddition to allowing listeners to locate sound sources in the environment, binaural cues allow
listener to selectively attend to sources coming from a particular direction. This ability is
emely important when there are multiple competing sources in the environment (e.g., see Shinn-
ingham, 2008).
Imagine a situation in which there is both a speaker (whom the listener is trying to attend) and
peting source (that is interfering with the speaker). If the speaker and competitor are both
1y in front of the listener, the competitor degrades specch reception much more than if the
(itor is off to one side, spatially separated from the speaker. This binaural advantage a
art because when the competitor is off to one side of the head, the energy from the competitor
tenuated at the far ear. As a result, the signal-to-noise ratio at the far ear is larger than when the
mpetitor is in front. In other words, the listener has access to a cleaner signal in which the speaker
iore prominent when the speaker and noise are spatially separated. However, the advantage of
patial separation is even larger than can be predicted on the basis of energy.
 homologous benefit can be seen under headphones. In particular, if one varies the level of a
aluntil it is just detectable in the presence of a masker, the necessary signal level is much lower
n the ITD of the signal and masker are different than when they are the same. The difference
tween these thresholds, referred to as the masking level difference (MLD), can be as large as
5dB for some signals (e.g., see Durlach & Colburn, 1978; Zurek, 1993).
he binaural advantage affects both signal detection (e.g., see Gilkey & Good, 1995) and speech
ption (e.g., see Bronkhorst & Plomp, 1988). It is one of the main factors contributing to the abil-
f listeners to monitor and attend multiple sources in complex listening environments (.., the
tail party effect; see, e.g., Shinn-Cunningham, 2008; Yost, 1997). Thus, the binaural advantage
portant for almost any auditory signal of interest. In order to get these benefits of binaural hear-
signals reaching a listener must have appropriate I'TDs and/or ILDs.

4.3.6.6 Dynamic Cues
Tn addition to static acoustic cues like ITD and ILD, changes in spatial cues with source or listener
movement also influence perception of source position and help to resolve torus-of-confusion ambi=-
guities (e.g., see Wallach, 1940; Wightman & Kistler, 1989). For instance, a source either directly
in front or dircctly behind a listener would cause near-zero ITDs and TLDs; however, a leftward
rotation of the head results in ITDs and IL.Ds favoring either the right ear (for a source in front) or
the left ear (for a source behind). .
While the auditory system generally has good temporal resolution, the temporal resolution of the -
binaural hearing system is much poorer. For instance, investigations into the perception of moving
sound sources imply that binaural information averaged over a time window lasting 100-200 ms
results in what has been termed binaural sluggishness (e.g., see Grantham, 1997; Kollmeier &
Gilkey, 1990).

4.3.6.7 Effects of Stimulus Characteristics on Spatial Perception
Characteristics of a source itself affect auditory spatial perception in a number of ways. For instance,
the bandwidth of a stimulus can have a large impact on both the accuracy and precision of sound
localization. As a result, one must consider how nonspatial attributes of a source in a VE will impact.
spatial perception of a signal. In cases where one can design the acoustic signal (i.e., if the signal is
a warning signal or some other arbitrary waveform), these factors should be taken into consideration
when one selects the source signal.
For instance, the spectral filtering of the pinnac cannot be determined if the sound source does
not have sufficient bandwidth. This makes it difficult to unambiguously determine the location of a
source on the torus of confusion for a narrowband signal. Similarly, if a source signal does not have
energy above about 5 kHz, spectral cues will not be represented in the signals reaching the cars and
crrors along the torus of confusion are more common (e.g., Gilkey & Anderson, 1995).
Ambiguity in narrowband source locations arises in other situations as well. For instance, nar-"
rowband, low-frequency signals in which I'TD is the main cue can have ambiguity in their heard:
Jocation because the auditory system is only scnsitive to interaural phase. Thus, a low-frequency
sinusoid with an ITD of half cycle favoring the right ear may also be heard far to the left side
of the head. However, binaural information is integrated across frequency so that ambiguity in
lateral Jocation is resolved when intcraural information is available across a range of frequencies
(Brainard, Knudsen, & Esterly, 1992; Stern & Trahiotis, 1997, Trahiotis & Stern, 1989). When nar-
rowband sources are presented, the heard location is strongly influenced by the center frequency of
the source (Middlebrooks, 1997).
While spectral bandwidth is important, temporal structure of a source signal is also important.
In particular, onscts and offsets in a signal make source localization more accurate, particularly
when reverberation and echoes are present. A gated or modulated broadband noise will generally be
more accurately localized in a reverberant room (or simulation) than a slowly gated broadband noise
(c.g., sec Rakerd & Hartmann, 1985, 1986). 3.6.11  Intersensory Integration of Spatial Information
oz{siic spatial information is integrated with spatial information from other sensory channels
parficularly vision) to form spatial percepts (e.g., scc Welch & Warren, 1986). In particular, audi-
spatial information is combined with visual (and/or proprioceptive) spatial information to form
;e; percept of a single, multisensory event, especially when the inputs to the different modalities are
orrelated in time (e.g., sec Popescu et al., 2013; Warren, Welch, & McCarthy, 1981; Chapter 17).
hien'this occurs, visual spatial information is much more potent than that of auditory informa-
;80 the perceived location of the event is dominated by the visual spatial information (although
ditory information does affect the percept to a lesser degree, e.g., see Pick, Warren, & Hay, 1969;

6.10 Adaptation to Distorted Spatial Cues

f ile a naive listener responds to ITD, ILD, and spectral cues based on their everyday experi-
pe; listeners can learn to interpret cues that are not exactly like those that occur naturally. For
stance, listeners can learn to adapt to unnatural spectral cues when given sufficient long-term
osurc (Hofman, Van Riswick, & Van Opstal, 1998). Short-term training allows listeners to
arn ’hr)w to map responses Lo spatial cues to different spatial locations than normal (Shinn-
mningham, Durlach, & Held, 1998). These studies imply that for applications in which listeners
an be. trained, perfect simulations of spatial cues may not be necessary. However, there are
{mits to the kinds of distortions of spatial cucs to which a listener can adapt (e.g., see Shinn-
anningham, 2000a).

4.3.6.8 Top-Down Processes in Spatial Perception

Experience with or knowledge of the acoustics of a particular environment also affects auditory.
localization, and implicit learning and experience affects performance (e.g., see Clifton, Freyman, &
Litovsky, 1993; Shinn-Cunningham, 2000b). In othcr words, spatial auditory perception is not
wholly determined by stimulus parameters but also by the state of the listener. Although such
effects are not due to conscious decision, they can measurably alter auditory localization and spa-
tial perception. For instance, when localizing a sound followed by a later echo of that sound, the
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Welch & Warren, 1980). Visual capture refers to the perceptual dominance of visual spatial - SPATIAL SIMULATION
information, describing how the perceived location of an auditory source is captured by visual cues.

Summarizing these results, it appears that the spatial auditory system computes source location
by combining all available acoustic spatial information. Perhaps even more importantly, a priori
knowledge and information (rom other sensory channels can have a pronounced effect on spatial
perception of auditory and multisensory events.

ial auditory cues can be simulated using headphone displays or loudspeakers. Headphone
lays generally allow more precise control of the spatial cucs presented to a listener, both
use the signals reaching the two ears can be controlled independently and because there is
ndirect sound reaching the listener (i.e., no echoes or reverberation). However, headphone dis-
s are gencrally more expensive than loudspeaker displays and may be impractical for applica-
s in which the listener does not want to wear a device on the head. While it is more difficult to
trol the spatial information reaching a listener in a Joudspeaker simulation, loudspeaker-based
ations are relatively simple and inexpensive to implement and do not physically interfere

4.3.7 AUDITORY SCENE ANALYSIS

Listeners in real-world environments are faced with the difficult problem of listening to many co
peting sound sources that overlap in both time and/or frequency. The process of separating out the
contributions of different sources to the total acoustic signals reaching the cars is known as auditory
scene analysis (e.g., see Bregman, 1990; Carlyon, 2004). :

In general, the problem of grouping sound energy across time and frequency to reconstruct each
sound source is governed by a number of basic (often intuitive) principles. For instance, naturally.
occurring sources are often broadband, but changes in the amplitude or frequency of the various
components of a single source are generally correlated over time. Thus, comodulation of sound
energy in different frequency bands tends to group these signal elements together and cause them
to fuse into a single perceived source. Similarly, temporal and spectral proximity both tend to pro-
mote grouping so that signals close in time or frequency are grouped into a single perceptual sonrce :
(sometimes referred to as a stream). Spatial location can also influence auditory scenc analysis
such that signals from the same or similar locations are grouped into a single stream. Other factor
affecting streaming include (but are not limited to) harmonicity, timbre, and frequency or amplitud
modulation (Bregman, 1990; Darwin, 1997).

For the development of auditory displays, these grouping and streaming phenomena are very. - ‘here has been substantial effort devoted to developing computational models for room reverber:
important because they can dircctly impact the ability to detect, process, and react to a sound. Fo tion, including high-quality commercial software packages (c.g., sce Www. nde();] dk or ww v?rf\‘ )
instance, if a masker sound is played simultaneously with a target sound, the ability to process the required computations are quite intensive; in order to sim.,ulata each indivi'dml refl \“:'La p
target is significantly worse if the target is heard as just one component of a single sound source: calculate the distance the sound wave hés traveled, how the waveform waq‘ 1rlan:fc 10n<,d0§e
comprised of the masker plus the target; when the target is heard as a distinct sound source, a 1 < very surface on which it impinged, and the direction fr,om which it is arrivinal at th e : rn‘(;e 'I‘hy
tener is much better at both detecting the target’s presence and extracting meaning from the target. sulting waveform must then be filtered by the appropriate anechoic Hi{TF bws:d on th 33 ot .
Such grouping effects cannot be explained solely by peripheral mechanisms, since many times, the - cidence with the head (Vorldnder, 2008, pp. 141-146). ) ¢ direction
target sound is represented faithfully in activity on the auditory nerve. Instead, such effects arise f one looks at the resulting reflections as a function of time from the initial sound, th by
from central limitations (e.g., see Shinn-Cunningham, 2008). flections in any given time slice increases quadratically with time. At the same time et}l:‘eulr;\:

L ch iffdi\’idu&ll reflection decreases rapidly, both due to energy absorption at each rcﬂcl:ting sur-
dce andincreased path length from source to ear. Moreover, those reflections lose their coherence
€ tf’ surface scattering and edge diffraction. Although second- or third-order reflections may be
ividually resolvable, higher-order reflections occur so densely in time that the distinct specular
ptent of each echo becomes practically irrelevant. Instead, from a certain transition time (which
& X nds on the size of the room and on the surface corrugations), the reflections are smeared in
'l,{he and hc?vily overlap to the point that they are well approximated as a so-called diffuse sound
eld. ATheretore, many simulations only spatialize a relatively small number of the Joudest, earliest-
/ing r.eﬁections (e.g., up to second or third order) and then add random noise that dies ’oﬂ expo-
ntially in t'ime (uncorrelated at the two ears) to simulate later-arriving reflections that are dense in
‘\and arriving from essentially random directions. Even with such simplifications, the computa-
s nec&ssa-ry to generate realistic reverberation (particularly in a system that tries vto account for
ovement of a listener) are a challenge; however, with today’s computational power, such simula-
s are feasible and produce plausible results. '
igure 4.3 shows the room impulse response at the right ear for a source located at 45 azimuth
elﬁ;/:mur{, ar}d distance of 1 m. This impulse response was measured in a moderate-size classroorx;
;‘é ich significant vreverbAemnt energy persist‘s for as long as 450 ms. The initial few milliseconds
€ response are shown in the insel. In the inset, the initial response is that caused by the sound

imulations using either headphones or speakers can vary in complexity from providing no spa-
information to providing neatly all naturally occurring spatial cues. This section reviews both
iphone and speaker approaches o creating spatial auditory cues.

Room MODELING

'Fs generally do not include reverberation or echoes, although it is possible to measure binaural
sfer functxops (known as binaural room transfer functions) that incorporate the acoustic cffects
room. While possible, such approaches are generally not practical because such filters vary

duce a Colr{binatorially large number of transfer functions. In addition, such filters can be
er of magnitude longer than traditional HRTFs, increasing both computational and storage

4.3.8 SeeecH PERCEPTION

Arguably the most important acoustic signal is that of speech. The amount of information transmit-
ted via speech is larger than any other acoustic signal. For many applications, accurate transmission
of speech information is the most critical component of an auditory display.

Speech perception is affected by many of the low-level perceptual issues discussed in previ:
ous sections. For instance, speech can be masked by other signals, reducing a listener’s ability to
determine the content of the speech signal. Speech reception in noisy environments improves if
the speaker is located at a different position than the noise source(s), particularly if the speaker
and masker are at locations giving rise to different ILDs. Speech reception is also affected by fac-
tors that affect the formation of auditory streams, such as comodulation, harmonic structure, and
related features. However, speech perception is governed by many high-level, cognitive factors that
do not apply to other acoustic signals. For instance, the ability to perceive a spoken word improves
dramatically if it is heard within a meaningful sentence rather than in isolation. Speech information
is primarily conveyed by sound energy between 200 and 5000 Hz. For systems in which speech
communication is critical, it is important to reduce the amount of interference in this range of
frequencies or it will impede specch reception. .
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ieving appropriate immersion, the latency of the audio output cannot exceed more than a
iseconds. Discrete convolution in the time domain and synchronous audio output may be
alghtfomard conceptually but is inefficient in the number of operations required to compute the
samples one by one. Fast Fourier transform (FFT)-based convolution is more efficient, com-
ally, but requires block processing; this, in turn, leads to block-size-dependent latency in the
One approach to solving these problems is to use nonuniform segmented block convolution
ms (Garcia, 2002; Wefers & Vorlander, 2012) or infinite impulse response (IIR) filters.

. binaural filters can be interpreted in the time domain as a temporal series of reflections.
atively, they can be interpreted in the frequency domain as a binaural transfer function.
ent to which listeners are sensitive to interaural (temporal) and spectral details in rever-

Direct sound
(anechoic HR'T'F)

0.6

First reflection
(floor)

0.4

0.2

Impulse response pressure

~0.2 i
nt energy-is also not well understood and requires additional research. Nonetheless, there
04 vidence that the inclusion of reverberation can have a dramatic impact on the subjec-
o alism of a virtual auditory display and can aid in perception of source distance (e.g., see
) gart & D'’Angelo, 1995).
0.8 R
4 . . HEADPHONE SIMULATION
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der to:simulate any source somewhere in space or in a room over headphones, one must sim-
play a sterco headphone signal that recreates at the eardrums the exact acoustic waveforms
ould actually arise from a source at the desired location. This is generally accomplished by
pirically measuring the HRTF that describes how an acoustic signal at a particular location in
18 transformed as it travels to and impinges on the head and ears of a listener. Then, in order
ulate an arbitrary sound source at a particular location, the appropriate transfer functions
ised to-filter the desired (known) source signal. The resulting stereo signal is then corrected to
ensate for transfer characteristics of the display system (for instance, to remove any spec!
ha g of the headphones) and presented to the listener. This holds for a single source at a particu-
ection or for numerous sources or room reflections, provided they have been filtered with each
ticular directional HRTH.

Time {ms)

FIGURE 4.3 Impulse responsc at the right ear for a source at 45 azimuth, 0 elevation, and distance 1mina
standard classroom. Inset shows first 10 ms of total impulse response.

wave that travels directly from the source to the ear. The first reflection is also evident at the end of
the inset, at a much reduced amplitude. In the main figure, the decay of the reverberant energy can
be seen with time.

The development of tractable reverberation algorithms for real-time systems has achieved some
promising results but is still an ongoing area of research. Most algorithms are based on geometrical
acoustics. They are known as hybrid specular and diffuse reflection models and combination of carly .
(mainly specular) and late (mainly diffuse) components (e.g., scc Vorlinder, 2008, pp. 216-226). <1

Wave models are also in use in order to compute wave effects such as eigenmodes or diffraction simplest headphone displays present identical signals to both ears (diotic signals). With a
(Aretz, Maier, & Vorlinder, 2010; Botteldooren, 1995; Savioja, 2010). Usually this is implemented display, all sources are perceived as inside the head (not externalized), at midlivne This
as a second level into the hybrid models so that the Jow-frequency range and the mid- and high ternal sense of location is known as lateralization not localization (Plenge‘ 19%4) While a’diolic
frequency range are treated by wave models and geometric models, respectively. lisplay requires no spatial auditory processing, it also provides no spatial inf’or;nati’un to a listener.

The rendering process using geometrical acoustics is based on a 3D room model consisting displays may be useful if the location of an auditory object is not known or if spatiai audi-‘
of polygons defining the room boundarics. These polygons represent the reflecting surfaces, and ory information is unimportant. However, diotic displays are the least realistic headphone display.
accordingly, they are tagged with acoustic absorption and scattering coef! ficients. For the simulatior dition, as discussed in Section 4.3.6.9, benefits of spatial hearing can be extremely useful f(n;
of reflections, the amplitude and the time of arrival must be calculated. For this, geometrical con ction'and recognition of auditory information. For instance, when listeners are rcq‘uircd to
struction methods are used, which result in identifying the reflection paths between the reflection. nitor multiple sound sources, spatialized auditory displays are ;learly superior to diotic displays
boundaries of sound propagation in the room. Haas et al., 1997).

As soon as the reflection components of the room impulse response are found, they must be
convolved with the directional-dependent HRTF and with the sound source stimulus—the so-calle
dry signal.

One crucial part of real-time systems is a rapid calculation of the geometric reflection paths:
using the polygon model of the room. This task can be highly accelerated by using tree structures in.
the polygon database (Schréder & Lentz, 2006) or other search algorithms such as spatial hashin,
(c.g., Schrider, Ryba, & Vorlinder, 2010) or frustum tracing (C ‘handak, Lauterbach, Taylor, Ren, &
Manocha, 2008).

Another crucial part of the sound rendering process is real-time convolution of the binaural
impulse response with the sound source, Room impulse responscs are typically of some seconds in
length, The corresponding binaural room impulse response is a finite impulse response (FIR) filter. '

Diotic Displays

2.2 Dichotic Displays

ile normal interaural cues vary with frequency in complex ways, simple frequency-independent
[Ds and ILDs affect the perceived lateral position of a sound source (e. 2., sec Durlach & Colburn,
8). Stereo signals that only contain a frequency- independent ITD and/or ILD are herein referred
sdichotic signals (although the term is sometimes uscd to refer to any stereo signal in which left
d right ears are different).

€ cneratit?n of a constant 1TD or ILD is very simple over headphones since it only requires that
> source signal be delayed or scaled (respectively) at one ear. Just as with diotic signals, dichotic
gnals result in sources that appear to be located on an imaginary line inside the head, connecting
two ears. Varying the ITD or ILD causes the lateral position of the perccived source to move
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toward the ear receiving the louder and/or earlier-arriving signal. For this reason, such sources a
usually referred to as lateralized rather than localized.

Dichotic headphone displays are simple to implement but are only useful for indicating whethe
sound source is focated to the left or right of a listener. On the other hand, when multiple sources a
lateralized at different locations (using different 1TD and/or TLD values), some binaural unmaski
can be obtained (see Section 4.3.6.9).

mulations do not include any echoes or reverberation in the generated signals. Although
jon has little impact (or degrades) perception of source direction, it is important for dis-
ception. In addition, anechoic simulations sound subjectively artificial and less realistic
ulations with reverberation.

IMULATION USING SPEAKERS
4.4.2.3 Spatialized Audio '
Using signal-processing techniques, it is possible to generate stereo signals that contain most of ]
normal spatial cues available in the real world. In fact, if properly rendered, spatialized audio can be D, and spectrum) by controlling the signals played from multiple speakers arrayed around a
practically indistinguishable from free-field presentation (Langendijk & Bronkhorst, 2000). Wh ontrast with headphone simulations, the signals at the two ears cannot be independently
coupled with a head-tracking device, spatialized audio provides a true virtual auditory interfa ted: that is, changing the signal from any of the speakers changes the signals reaching butiq
Using a spatialized auditory display, a variety of sound sources can be presented simultaneously. S L reslt, it is difficult to precisely control the interaural differences and spectral cues of the
different directions and distances. One of the early criticisms of spatialized audio was that it w ignal reaching the listener to mimic the signals that would occur for a real-world source.
expensive to implement; however, as hardware and software solutions have proliferated, it has become, various methods for specifying the signals played from each loudspeaker exist to simulate
feasible to include spatialized audio in most systems. Spatialized audio solutions can be fit into any uditory cues using loudspeakers.

budget, depending on the desired resolution and number of sound sources required. Most virtg uce the variability of audio signals reaching the cars, carcful attention should be given to
reality (VR) systems are currently outfitted with headphones of sufficient quality to reproduce sp: placement and room acoustics. If speaker systems are not properly placed and installed in
tialized audio, making it relatively easy to incorporate spatialized audio in an immersive VE syste: ven the best sound systems will sound inferior. Improperly placed speakers can reduce
mprehension, destroy the sense of immersion, and dramatically reduce bass response
2000). This is especially true when dealing with small rooms. If the system is installed
, there will be a uniform (flat) frequency response at the listening area.

xample of a four-speaker system (two front and two surround) is described in an
onal Telecommunications Union (ITU) recommendation and places speakers at +30° in
e listener and at x110° behind the listener (ITU-R BS. 775-1). It is further recommended
ie-signals emanating from the two surround channels be decorrelated to increase the sense of
ness. Correlated mono signals may give a sense of lateralization rather than localization.
ibwoofer is used, it is usually placed in front of the room. Placing the subwoofer too close to
may increase bass response but may result in a muddier sound. The subwoofer should be
hieve the best response in the listening area. Unfortunately, speaker placement will vary
ng on the dimensions and shape of the room, as well as the number of speakers employed.
stem is mobile, the sound system will have to be readjusted for every new location, unless
mulation incorporates its own enclosure. If the simulation will be housed in different sized
the audio system (amplificrs and speakers) must have enough headroom (power) to accom-
late both farge enclosures as well as small. When possible, acoustical tile and diffusers should
loyed where appropriate to reduce reverberation and echoes.

coustic signal reaching each ear is simply the sum of the signals reaching that ear from
¢e in-an environment. Using this property, it is possible to vary spatial auditory cues (e.g.,

4.4.2.4 Practical Limitations on Spatialized Audio
While in theory, HRTF simulation should yield stimuli that are perceptually indistinguishable
from natural experience, a number of practical considerations limit the realism of stimuli sim
lated using HRTFs. Measurement of HRTFs is a difficult, time-consuming process. In additi
storage requirements for HRTFs can be prohibitive. As a result, HRTFs are typically measurey
only at a single distance, relatively far from the listener, and at a relatively sparse spatial sampling.
Changes in source distance are simulated simply by scaling the overall signal intensity. Because
the HRTFs are only measured for a finite number of source directions at this single source, dis
tance, HRTFs are interpolated to simulate locations for which HRTFs are not measured. Wh
this approach is probably adequate for sources relatively far from the listener and when' som
inaccuracy can be tolerated, the resulting simulation cannot perfectly recreate spatial cues for
all possible source locations (Wenzel & Foster, 1993). Individual differences in HRTFs are vers
important for some aspects of sound source localization (particularly for distinguishing front/back
and up/down). However, most systems employ a standard set of HRTFs that are not matched to
individual listener. Using these nonindividualized HRTFs reduces the accuracy and externali
tion of auditory images but still results in useful performance increases (Begault & Wenzel, 199
Researchers have explored a variety of HRTF compression schemes in which individual differ
ences are encoded in a small number of parameters that can be quickly or automatically fit to ai
individual (e.g., see Kistler & Wightman, 1991; Middlebrooks & Green, 1992). Nonetheless, mary
typical systems cannot simulate source position along a cone of confusion because they do not
individualized HRTFs.

The most sophisticated spatialized audio systems use trackers to measure the movement of
listener and update the HRTFs in real time to produce appropriate dynamic spatial cues. The us
of head tracking dramatically increases the accuracy of azimuthal localization (Moldrzyk, Ahner
Feistel, Lentz, & Weinzierl, 2004; Sorkin, Kistler, & Elvers, 1989). However, time lag in'such sys
tems (from measuring listener movement, choosing the new HRTF, and filtering the ongoing sourc
signal) can be greater than 30 ms. While the binaural system is sluggish, the resulting delay can b
perceptible. Real-time systems are also too complex and costly for some applications. Instead, sys
tems may compute signals off-line and either ignore or limit the movement of the listener; however,
observers may hear sources at locations inside or tethered to the head (i.c., moving with the head)
with such systems.

Nonspatial Display

systems use free-field speakers in which each speaker presents an identical signal. Such sys-
are analogous to diotic headphone systems; although simple to develop, these displays (like
eadphone displays) provide no spatial information to the listener. Such systems can be used
atial auditory information is unimportant and when segregation of simultaneous auditory
4 IS:IS not critical. For instance, if the only objects of interest are within the visual field and inter-
e between objects is not a concern, this kind of simplistic display may be adequate.

- Stereo Display

nalog of the dichotic headphone display presents signals from two speakers simultaneously

er to control the perceived laterality of a phantom source. For instance, simply varying

i Lot otherwise identical signals played from a pair of speakers can alter the perceived

lity of a phantom source. Most commercial stereo recordings are based on variations of
ipproach.
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Tmagine a listener sitting equidistant from two loudspeakers positioned symmetrically in frontof - rmands of trying to place loudspeaker arrays along with video screens with an undisturbed video
the listener. When the left speaker is played alone, the listener hears a source in the direction of the jage and free line of sight. Acoustically transparent video screens would solve the problem, but the
left speaker (and ITD and ILD cues are consistent with a source in that leftward direction). When jage tesolution of such screens is significantly less than for high-quality hard projection screens.
the right speaker is played alone, the listener hears a source in the direction of the right speaker. -
When identical signals at identical levels are played from both speakers, each car receives two direct. -
signals, one from each of the symmetrically placed speakers. To the extent that the listener’s head -
is lefl-right symmetric, the total direct sound in each ear is identical, and the resulting percept will -~
be of a single source at a location that gives rise to zero ITD and zero ILD (e.g., in the listener’s
median plane). Varying the relative intensity of otherwise identical signals played from the two :
speakers causes the gross ITD and ILD cues to vary systematically, producing a phantom source
whose location between the two speakers varies systematically with the relative speaker levels (e.g.;
see Bauer, 1961).

This simple panning technique produces a robust perception of a source at different lateral loca-
tions; however, it is nearly impossible to precisely control the exact Jocation of the phantom image:
In particular, the way in which the perceived direction changes with relative speaker level depends
upon the location of the listener with respect to the two loudspeakers. As the listener moves outside
arestricted area (the sweet spof), the simulation degrades rather dramatically. In addition, reverbera-
tion can distort the interaural cues, causing biases in the resulting simulation. Nonctheless, such sys-
tems provide some information about source Jaterality and can be very effective when one wishes to
simulate sounds from angular positions falling between the loudspeaker positions.

4 Cross-Talk Cancellation and Transaural Simulations

ore complex signal-processing schemes can also be used to control spatial cues using a small
tup of loudspeakers. In such approaches, the total signal reaching each ear is computed as the
i of the signals reaching that ear from each of the speakers employed. By considering the timing
content of each of these signals, one can try to reproduce the exact signal desired at each ear.
‘he -earliest such approach attempted to recreate the sound field that a listener would have
ived in a particular setting from stereo recordings taken from spatially separated microphones.
he playback system, two speakers were positioned at the same relative locations as the original
ophones. The goal of the playback system was to play signals from the two speakers such that i
¢ otal signal at each ear was equal to the recorded signal from the nearer microphone. To the
tent that the signal from the far speaker was acoustically canceled, the reproduction would be
rate: Relatively simple schemes involving approximations of the acoustic alterations of the
nals-as they impinged on the head were used to try to accomplish this cross-talk cancellation.
‘As signal-processing approaches have been refined and knowledge of the acoustic properties
HRTFs improves, more sophisticated algorithms have been developed. Tn particular, it is pos-
le to calculate the contribution of each speaker to the total signal at each ear by considering the
TF corresponding to the location of the speaker. The total signal at each ear is then the sum of
HRTE-filtered signals coming from each speaker. If onc also knows the location and source of
signal that is to be simulated, one can write equations for the desired signals reaching each ear
RTF-filtered versions of the desired source. Combining these equations yields two frequency-
pendent, complex-valued equations that relate the signals played from each speaker to the desired
snals at the ears. To the extent that one can find and implement solutions to these equations, it
possible (at least in theory) to rcereate the desired binaural signal by appropriate choice of the
nals played from each speaker. The problem with such approaches is that the simulation depends
i cally on the relative location of the speakers and the listener. In particular, if the listener moves
is head outside of the sweet spot, the simulation degrades rapidly. Head tracking and dynamic
‘oss-talk filtering is one solution to this problem, which also allows head movements explicitly
that the listener can benefit from a more natural behavior in the virtual scene (Lentz & Behler,
04).-Head trackers can be used in conjunction with multispeaker simulations in order to improve
e simulation. However, this requires that computations be performed in real time and signifi-
ntly increases the cost and complexitly of the resulting system. It can be difficult to compute the
quired foudspeaker signals and the computations are not particularly stable numerically (Masiero
Vorlander, 2012). The technique called stereo dipole or sound bar is aclually more stable. It is
optimized distributed source approach where the high frequencies are radiated from the frontal
on' while the loudspeakers for the low frequencies span a larger angle (Takeushi, Teschl, &
Ison, 2001). To the extent that reverberation in the listening space further distorts the signals
aching the ears, the derived solutions are less robust than those for headphones. In all cases of
naural reproduction using headphones or cross-talk cancellation, the quality is best if the HRTFs
ed in the equations are matched to the listener.

4.4.3.3 Multichannel Loudspeaker Systems
Two-channel stereo can be extended to multichannel panning techniques, so-called vector base
amplitude panning (VBAP). The technique can be used to place virtual source in 3D space if the
loudspeaker arrays are surrounding the listener (Pulkki, 1997). Loudspeaker triplets are used with
particular amplitudes in order to create a sound image in the corresponding triangle. Larger areas
around the listener are covered by several of those triplets.

Another technique, actually one of the most popular techniques of spatial audio, is Ambisonics
(Gerzon, 1976). The mathematical basis is the set of spherical harmonics (SH), a set of orthogonal
functions in spherical coordinates. With these, sound fields can be decomposed into their direc-
tional components (SH coefficients); these exact coefficients are used to filter the speakers of the
reproduction array. The speaker arrays can be freely designed in 3D space, but simple solutions cor=
respond to Platonic bodies such as cubes, dodecahedrons, or icosahedrons. The SH coefficients can.
be derived from simulation or from recordings with spherical microphone arrays. The first-order
approach as defined by Gerzon requires a setup of an omnidirectional and three figure-eight micro-
phones. The spatial resolution and the corresponding details of directional sounds are limited by the
low-order SH representation, which creates a kind of spatial smoothing. Higher-order Ambisonics
(HOA) allow reproduction of more spatial detail; for this, higher-order microphone arrays must be
used (Meyer & Elko, 2002). Wave field synthesis (WFS) technology is another theoretical approach
to wave field reconstruction (Berkhout, 1988). Tn WFS, sound waves are decomposed into plane
waves sampled on linear or circular microphone arrays, typically in 2D. Tf the discrete spatial
sampling of the array is sufficiently high, any wave field can be reconstructed with a corresponding
large number of loudspeakers in a dense distribution. This goes back to the Huygens principle that
explains wave propagation by arrays of numerous point sources, each radiating elementary waves,
which interfere to form wave fronts (e.g., see De Vries, 2012). To use WES, the process of sound:
recording and mixing is different from usual techniques applied in audio engineering. The spatial
decoding of virtual sources is integrated in a flexible way so that position, orientation, and move-
ments of the listcner are not restricted in dynamic scenes.

All of the multichannel techniques listed suffer from the fact that a large number of loudspeakers
must be used with accordingly a large amount of signal processing, control, and amplifier units. For
VR installations with surrounding displays, a practical problem often arises from the conflicting

4.3.5 Lessons from the Entertainment Industry

e ability (o gencrate an accurate spatial simulation using loudspeakers increases dramati-

: Lly as the number of speakers used in the display increases. With an infinite number of speak-
s zu:ound the istener, one would simply play the desired signal from the speaker at the desired

location of the source to achicve a perfect reproduction. Surround sound technologies, which

'e prevalent in the entertainment industry, are implemented via a variety of formats. Surround

und systems find their genesis in a three-channel system created for the movie Fantasia in 1939.
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gradual so as not to be excessively startling to the user. In many instances, one may want the stimuli .

to be acsthetically pleasing to the user. As can be imagined, creating acceptable

displays is no trivial chore and should involve formal evaluations (o ensure perceptual
system usability. For applications in which speech is the main signal of interest, basic interaural
cues are important for preserving speech intelligibility, particularly in noisy, multisource environ-
ments. On the other hand, there is probably little benefit gained from including the detailed frequency

dependence of normal HRTFs. In entertainment applications (Greenwood-Er

2013; Chapter 49), cost is the most important factor; the precision of the display is unimportant as

long as the simulation is subjectively satisfactory. For scientific research (Polys,

high-end systems are nccessary in order to allow careful examination of normal spatial auditory:
cues. In clinical applications, the auditory display must only be able to deliver stimuli that can distin-
guish listeners with normal spatial hearing from those with impaired spatial hearing. Such systems
must be inexpensive and easy to use, but there is no need for a perfect simulation.
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his chapter introduces the notion of passive dynamic haptic interaction with video and describes
h§ computation of force due to relative motion between an object in a video and the haptic interface
QIHF (HITP) of a user, given associated pixel-based depth data. While the concept of haptic video,
that is, haptic rendering of forces due to geometry and texture of objects in a video from the associj
ted deptk} data, has already been proposed, passive dynamic haptic interaction with video has not

o studied before. It is proposed that in passive dynamic interaction, a user experiences motion of
1 video object and dynamic forces due to its movement, even though the content of the video shall
f)t be alte‘red by this interaction. To this effect, the acceleration of a video object is estimated using
11(]?(.) motion estimation techniques while the acceleration of the HIP is estimated from the HIP
osition acquired by the encoders of the haptic device. Mass values are assigned to the video object

d HI? such that user interaction shall not alter the motion of the video object according to the
aws of physics. Then, the dynamic force is computed by using Newton’s second law. Finally, it is
Qaled and displayed to the user through the haptic device in addition to the static forces due l;) the
cometry and texture of the object. Experimental results are provided to demonstrate the difference
inrendered forces with and without including the dynamics.




