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Abstract
The sound localization ability of humans is dominantly based on temporal differences and
sound-pressure-level differences between the ears. Localization is most accurate with a single
sound source in the frontal horizontal plane. However, natural scenarios typically consist of
more than one sound source having narrower or broader spatial extent. The aim of this thesis
was to study how humans perceive such complex scenarios and how various attributes of the
sound scene contribute to the perception.
In all of the listening experiments of this thesis, the perception of widely distributed sound
scenarios was studied on the horizontal plane. Sounds were presented from varying
loudspeaker setups with up to thirteen loudspeakers close to one another. With noise signals,
the directions of only up to three individual sound sources were accurately perceived at their
original locations, and widely distributed sound source groups were perceived as narrower than
they were. With monophonic music and ambient-noise signals that were synthesized to be
spatially extended, the perception was found to be yet slightly narrower than with the noise
cases. The effects of changes in the temporal domain were investigated as well. First, peaks in
the signal envelope were shown to aid in the directional discrimination of a sound in the
presence of two other simultaneous spatially non-overlapping sounds. Second, accurate spatial
perception of temporally successive sounds was shown to be difﬁcult, as the inter-stimulusinterval was required to be high in order to perceive the correct spatial distribution of the
presented sounds.
In addition to studying human perception, a binaural auditory model was developed to mimic
human spatial hearing performance. The design of the model was motivated by knowledge on
neurophysiology and psychoacoustics. A binaural activity map produced by the model showed
performance matching that of humans in various listening scenarios. Importantly, spatially
wide or complex sound scenarios can be analyzed as well, a feature uncommon in auditory
modeling. Furthermore, the model was applied in the assessment of spatial sound reproduction
techniques and showed differences in activation when there were perceivable differences in
the reproduced scenarios.
The results give new insight on spatial sound perception. Overall, spatial hearing is not
accurate in localizing multiple simultaneous sounds as opposed to accuracy in vision. Obtained
results help in the development of parametric spatial sound reproduction techniques, as the
techniques do not need to reproduce details that are not perceived by human listeners.
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Tiivistelmä
Äänten paikallistaminen perustuu ihmisillä ennen kaikkea korvienvälisiin aika- ja
äänenvoimakkuuseroihin. Tarkimmillaan paikallistamiskyky on silloin, kun yksittäisiä ääniä
esitetään horisontaalitasolla etusuunnassa. Luonnollisissa tilanteissa on kuitenkin yleensä
useampi kuin yksi äänilähde, ja kukin näistä lähteistä saattaa muodostaa äänitapahtuman, joka
havaitaan pistemäisenä tai leveämpänä. Tämän väitöskirjan tavoitteena oli tutkia ihmisten
kykyä havaita tilajakaumaltaan monimutkaisia äänitapahtumia sekä sitä, miten äänten eri
ominaisuudet vaikuttavat havaintoon.
Väitöskirjan kaikissa kuuntelukokeissa tutkittiin horisontaalitasossa laajojen
äänitapahtumien havaitsemista. Äänet esitettiin erilaisista kaiutinkokonaisuuksista, ja
yhtäaikaisesti käytössä oli yhdestä kolmeentoista lähekkäin sijoitettua kaiutinta. Tutkimukset
osoittivat, että kohinasignaaleilla enimmillään vain kolmen erillisen äänilähteen suunnat oli
mahdollista havaita tarkasti. Laajalle levitetyt äänilähderyhmät vuorostaan havaittiin
kapeampina kuin ne oikeasti olivat. Havainto oli vielä kapeampi, kun testiäänenä oli
synteettisesti levitettyä musiikkia tai meren kohinaa. Ajallisten muutosten vaikutuksia
tutkittiin käyttämällä testiääntä, jonka verhokäyrässä oli lyhyitä piikkejä. Piikikkyyden
lisääntyminen helpotti tehtävää, jossa pyrittiin havaitsemaan kohdeäänen suunta kahden eri
suunnista tulevan häiriöäänen välistä. Lyhyiden peräkkäin esitettyjen äänten suuntien tarkka
havaitseminen osoittautui haastavaksi, sillä äänten tarkka tilajakauma havaittiin vasta, kun
äänten välinen aikaero oli huomattavan suuri.
Ihmisen havaintokyvyn tutkimisen lisäksi väitöskirjassa kehitettiin binauraalinen kuulomalli,
jonka tehtävänä on jäljitellä ihmisen tilakuulon toiminnallisuutta. Sen toteutuksessa käytettiin
pohjana neurofysiologian ja psykoakustiikan tietoja. Mallin suorituskyvyn osoitettiin olevan
samankaltainen kuin ihmisten kyky useissa erilaisissa kuuntelutilanteissa. Myös
tilajakaumaltaan leveiden tai monimutkaisten äänitapahtumien analysointi toimii, mikä on
toistaiseksi harvinainen ominaisuus kuulomalleissa. Lisäksi testattiin mallin kykyä analysoida
tilaäänentoistomenetelmiä, ja mallin tuottamassa aktivaatiossa oli nähtävissä muutoksia
silloin, kun ihminenkin pystyi toistetuista äänitapahtumista sellaisia havaitsemaan.
Väitöskirjan tulokset antavat uusia näkemyksiä tilaäänen havaitsemiseen. Yleisesti ottaen
voidaan sanoa, että useiden samanaikaisten äänten paikantaminen on epätarkkaa verrattuna
näkökyvyn tarkkuuteen. Tuloksista on hyötyä parametristen tilaäänentoistomenetelmien
kehityksessä, sillä kyseiset tekniikat perustuvat ihmisen havaintokyvyn puutteiden
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1. Introduction

The world around us is full of objects, occurrences, and different kinds of
stimuli, some of which we perceive with our senses. Hearing is superior to
the other senses in its ability to perceive events that are in any direction
and possibly far away from us. On top of that, the ears are constantly
monitoring our surroundings, making our hearing an ideal “guard” as
opposed to vision that can easily be switched off by closing the eyelids.
The general auditory perception of the surrounding space makes it then
possible to draw more attention to the most interesting occurrences.
An everyday listening scenario may be ﬁlled with sounds of different
origins. Even a scenario that is visually motionless can be highly rich
in sounds. Our capabilities in spatial hearing can reveal where different
sounds are coming from, separate events from one another, and focus on
relevant events while attenuating others.
How can our hearing perform such tasks, then—and how to study the
functionality of our senses? In the case of vision, a commonly known
simple experiment is carried out at an optician’s practice or by a nurse:
numbers or letters of different sizes are presented on a board displayed at
a distance of a few meters from the viewing point. In the case of hearing, a
familiar experiment is the audiogram, where the audibility of short beeps
at various frequencies is tested. Both of these reveal information about the
basic functionality of the corresponding sense—whether something can be
seen or heard.
Investigating the spatial properties of our senses takes the approach
beyond their basic functionality. How accurate are we at perceiving spatial
visual or auditory scenarios, and how can be obtain information on this
perception? Visual experiments may include words or series of letters
whose order and orientation is to be perceived. The experimental procedure
could concentrate on the visual angle at which the details would still be
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perceivable. A corresponding auditory experiment could, to draw a direct
comparison to the visual side, constitute of presenting a group of sound
sources forming the shape of, e.g., the letter ‘E’. How accurate is our hearing
in deciphering that the sound originates from that kind of a source group?
What kind of a perception occurs with spatially complex sound sources?
This thesis takes on the task of answering such questions by studying the
auditory spatial perception.

1.1

Aim of the thesis

This thesis aims to ﬁnd how accurate we are at perceiving spatially complex
sound scenarios and what attributes affect that perception. The original
idea for the research came from the desire to better understand our spatial
sound perception abilities, motivated by the development of parametric
spatial sound reproduction techniques. Such techniques reproduce sound
using principles that exploit the way humans perceive sound, and they are
one of the key interests of the research group where this thesis work has
been conducted.
Spatial hearing is approached both by investigating the perceptual abilities of human subjects in various listening scenarios and by modeling
auditory perception with a computational model. The research began
with a perceptual study of spatially complex sound scenarios, and over
the course of the thesis work, it expanded to include investigations from
various aspects, including the effects of the signal envelope and temporally
sequential sounds on auditory spatial perception.
The publications in this thesis focus on two areas that are closely related
to one another:
• The perception of spatially complex sound scenarios is investigated in
PI, PII, PIII, and PIV with multiple sound sources on the horizontal
plane. The accuracy of perceiving the directions of multiple sources
emitting sound simultaneously or the dimensions of spatially wide sound
scenarios was addressed in PI and PII. The signal attributes that affect
the spatial perception were studied in PIII. Then, the focus changed from
simultaneously presented sounds to sequences of sounds in PIV.
• An auditory model that aims to mimic the human performance was developed and is presented with a focus on spatial hearing in PV. Knowledge
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on neurophysiology and psychoacoustics was applied in the development,
including ﬁndings of psychoacoustical studies in this thesis. The functionality of the model in assessing spatial sound reproduction techniques
is demonstrated in PVI.
The thesis starts with an introductory part that explains basic concepts
and phenomena as well as discusses the relevant research on spatial
hearing and other related areas. The introduction is followed by six peerreviewed articles that are published in journals and conference proceedings.
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2. Hearing

In order to understand complex phenomena in spatial hearing, the basic
structure and functionality of the human auditory system is addressed in
this section ﬁrst. The focus is on binaural hearing and localization. The
discussion is limited to the horizontal plane, omitting the perception in
elevation, due to the scope of this thesis.

2.1 Structure of the ear
The ear is traditionally divided into three parts: the external ear, the
middle ear, and the inner ear, as shown in Figure 2.1. The external ear
consists of the visible pinna, that acts as a ﬁlter. Depending on the direction
of arrival of the sound, the pinna ﬁlters and reﬂects the waves that then
travel to the ear canal. This short tube ampliﬁes the sound waves around
3–4 kHz as deﬁned by its resonance frequency. The vibration of air is
coupled to the vibration of ﬂuid in the cochlea by the eardrum at the end of
the ear canal together with three bones in the middle ear: malleus, incus,
and stapes.
The middle ear and the inner ear are connected to one another by the
stapes and the oval window, through which the vibrations proceed into the
cochlea, a shell-shaped organ that is the most important part of the inner
ear from the perspective of auditory perception. The cochlea is divided into
three separate ﬂuid-ﬁlled sections, as shown in Fig. 2.2, by the Reissner’s
membrane, the tectorial membrane, and the basilar membrane, and on
the last rests the organ of Corti, where the inner and outer hair cells are
located. The vibrations travel inside the cochlea so that the low frequencies
penetrate the basilar membrane closer to the far end of the cochlea and
the high frequencies near the oval window. As the basilar membrane
vibrates, the hairs on the hair cells at that speciﬁc position are bent. Then,
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Figure 2.1. Structure of the ear. (Adopted from Pulkki and Karjalainen (2015))
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Figure 2.2. Structure of the cochlea. (Adapted from Pulkki and Karjalainen (2015))

the vibration exits the cochlea through the round window. This process
essentially encodes the vibrations into neural signals to be analyzed in the
auditory pathway in the brain.

2.2

Frequency resolution

Even though the frequency range of human hearing is not as wide as that
of some other mammals, it is nevertheless impressive, ranging from 20 Hz
to 20000 Hz. The higher limit tends to deteriorate with age and possible
hearing loss.
Among the basic concepts of psychoacoustics is frequency masking, which
is a phenomenon where a sinusoid or a complex tone is masked by a
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louder sound at another frequency. Such an effect indicates that sounds at
different frequencies can affect the perception of others. Related to this,
frequency resolution deals with the ability of our hearing to segregate
sounds based on their frequencies. The frequency resolution is connected
to the functionality of the cochlea. There, each hair cell is receptive to
a certain frequency as well as to frequencies near that frequency. The
bandwidth of the receptive area is called the critical band, and these
bands overlap in the hearing system. A number of different approaches for
measuring the frequency-dependent critical bandwidths have been taken,
and of these, the equivalent rectangular bandwidth (ERB) is a widely
used scale that has been shown to correspond both to psychoacoustics
and physiological results (Glasberg and Moore, 1990; Greenwood, 1990).
It is measured by using masking noise both above and below a notch
bandwidth, inside which a tone is presented. The detection threshold of
the tone is measured as a function of the notch bandwidth (Glasberg and
Moore, 1990). As a function of the center frequency fc in Hz, the width of
an ERB is deﬁned as
ΔfERB = 24.7 + 0.108fc .

(2.1)

As the equation shows, the width of the ERB increases as the center
frequency increases, starting from a width of 35 Hz around the center
frequency of 100 Hz to a width of over 1000 Hz above 10000 Hz.

2.3 Binaural hearing
The beneﬁt of having two ears on opposite sides of the head is twofold:
ﬁrstly, if one ear is damaged, the other ear is still intact; and secondly,
differences between the ear canal signals elicit interaural directional cues.
Anatomically, the two ears are essentially identical, but the sound received
by each side differs so that the differences may be applied in the analysis
of auditory scenes. The most important cues for sound localization are
the interaural time and level differences (ITD and ILD) together with
monaural ones such as spectral cues (Blauert, 1997). These cues are caused
by the distance between the ears, shadowing of the head and pinnae, as
well as reﬂections from the shoulders and torso. Figure 2.3 illustrates
the generation of interaural differences for a sound emitted from 60◦ to
the left of the listener on the horizontal plane. On one hand, it can be
seen that the distance from the sound source to the ears is different, as
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Shadow

Figure 2.3. A sound emitted from 60◦ to the left of the listener.

shown by the dashed lines. This means that the waves have to travel for a
longer time before arriving at the ear further from the source, thus causing
differences in time of arrival, the ITDs. On the other hand, the head acts as
a shadow to the plane waves originating from the sound source, resulting
in differences in the level of sound between the ears, the ILDs.
The spatial cues are different depending on the frequency of the sound.
Work on the so-called duplex theory of sound localization was ﬁrst performed already in 1907 (Lord Rayleigh, 1907), suggesting that the ITDs
are dominant cues at low frequencies while ILDs are more important at
high frequencies. This division is due to the relation of the wavelengths of
frequencies and the diameter of the head. The head can act as a shadow
only for wavelengths that are shorter than the diameter, and therefore,
prominent ILDs occur for frequencies approximately above 1500 Hz. Correspondingly, the ITDs are prominent at low frequencies, below 1500 Hz,
due to the phase differences occurring in the ear canal signals. Later
studies (e.g., McFadden and Pasanen (1976); Wightman and Kistler (1992);
Macpherson and Middlebrooks (2002)) have investigated the weightings of
the cues and other contributing factors further. The localization of broadband sounds that contain low-frequency components has been shown to
be dominated by the ITDs (Wightman and Kistler, 1992). In addition, the
auditory system can extract ITD cues in the amplitude envelope of the
high-frequency components of the sounds (McFadden and Pasanen, 1976;
Nuetzel and Hafter, 1981; Macpherson and Middlebrooks, 2002). These
envelope cues are addressed in detail in Sec. 2.5.
It has been shown that a change of even one of the spatial cues away from
a zero value is sufﬁcient to shift the perceived direction of the auditory
event away from the center (Yost, 1981). In other words, increasing, e.g.,
the ITD value from zero shifts the perception towards the side, meaning
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that the auditory system tends to base the perception on the more lateral
cue. Furthermore, if an ILD pointing to the opposite side is introduced to
the scenario, an effect called cue trading occurs, and with a certain ILD
value, the perceived auditory event is shifted back to the center (Harris,
1960; Lang and Buchner, 2008). However, such an auditory event is perceptually discriminated from one whose interaural cues are zero, meaning
that the cue trading is not complete (Hafter and Carrier, 1972). Even
the perception of two separate auditory objects is possible for experienced
listeners so that one object location corresponds to the ITD cue and the
other to the combination of the ITD and ILD cues of the presented stimulus
(Whitworth and Jeffress, 1961).
The maximum resolution of ILD is best at high frequencies, close to
0.5 dB, whereas at around 1000 Hz the resolution is around 1 dB or slightly
more (Mills, 1960; Yost and R. H. Dye, 1988). In the case of ITD, a change
as small as 10 μs is perceivable (Klumpp and Eady, 1956).

2.4 Localization of a single sound source
When an unexpected sound is heard, a common reaction is to turn the head
towards that direction. The beneﬁts of this reaction are twofold: ﬁrst, the
cause of the sound can be seen, and second, the sound localization accuracy
is at its best in front of the listener. This accuracy and its variation,
localization blur, is presented in four different directions on the horizontal
plane in Fig. 2.4: in the front, the accuracy is approximately 1◦ , while
with sounds presented from 90◦ on either side the perception is shifted 10◦
towards the front (Preibisch-Effenberger, 1965; Haustein and Schirmer,
1970; Blauert, 1997). Localization blur changes from less than 4◦ to 10◦
when comparing sounds emitted from the front and from the side. These
results apply to a short broadband noise burst in a free ﬁeld, i.e., a scenario
where there are no reﬂections that could distract the auditory mechanism.
Typically, formal experiments where a free ﬁeld is desired are conducted
in an anechoic chamber. In everyday listening scenarios, reﬂections and
the frequency content of the signal decrease the localization accuracy.
Another attribute for measuring the localization ability is the minimum
audible angle (MAA) that is deﬁned as the smallest angular shift of a
sound source from its original direction that a listener can detect. At best,
MAA can be as little as 1◦ in optimal conditions in the front of the listener
(Mills, 1958). The minimum audible angle at the sides is worse, around
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Figure 2.4. Localization accuracy and localization blur in four horizontal directions.
(Adapted from Blauert (1997))

10◦ (Mills, 1958). When the MAA is tested with pure tones, the frequencydependency of localization accuracy is evident. The best accuracy is found
for frequencies under 1 kHz, and the worst accuracy is near 1.7 kHz (Mills,
1958). This is due to the size of the head, as the wavelength of a 1.7kHz sinusoid is close to the diameter of the head, and no detectable ILD
cues are formed. At 1.7 kHz, when the sound is directly in front of the
listener the MAA is close to 3◦ , but at the side it is not possible to give
a localization response at all. From approximately 3 kHz onwards, the
localization is again better but never as good as with frequencies under
1 kHz. Localization inaccuracy that increases with increasing frequency
has been found with narrowband noise as well (Boerger, 1965; Blauert,
1997).
A special case where interaural cues do not help to localize the sound
source is the so-called cone of confusion. It represents positions that have
the same angle of incidence from the sound source to the ear, and therefore,
the interaural cues are identical at these positions. In other words, sound
originating from one point on the cone of confusion can be localized as
originating from any of the positions within the same cone of confusion.
Some localization problems, such as the cone of confusion and front-back
confusions, can be resolved by head movements. This is due to the fact that
the head movements cause changes in the interaural cues, thus helping
the localization. Such multimodality in sound localization does not occur
only with motion, visual information affects sound localization as well
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(Jackson, 1953). A common example is the ventriloquism effect, where
the speech of a puppeteer appears to originate from the moving mouth of
the puppet itself, or the speech of an announcer on television is localized
at the visual image of the mouth rather than the loudspeaker at the side
of the television screen. Another case is the McGurk effect (McGurk and
MacDonald, 1976), where conﬂicting syllables are presented through a
video of lip movement and a simultaneous sound signal. The result is a
perception of a third syllable that matches neither the auditory nor the
visual cue, caused by the combined interpretation of both sensations.

2.5 Phase spectrum and signal envelope
Early on in the research of auditory perception, Ohm (1843) suggested
that the phase spectrum is irrelevant for the auditory system. Helmholtz
(1877) experimented on this assumption by altering the phases of twelve
ﬁrst harmonics of tones and concluded that differences in phase spectrum
do not affect perception. However, these claims were later proven to
be incorrect, and the experiments of Helmholtz were judged not to be
replicable (Patterson, 1987). It was hypothesized that the effect of room
acoustics may have eliminated the existing difference in the signals of
the experiments by Helmholtz (Patterson, 1987). In addition, several
studies have demonstrated that changes in the phase spectrum have an
effect on perceived timbre (Schroeder, 1959; Plomp and Steeneken, 1969;
Bilsen, 1973; Laitinen et al., 2013). Nevertheless, the reason why the old
assumptions were believed to be true for such a long time is due to the
fact that in a wide variety of scenarios, changes in the phase spectrum are
indeed not perceived. The above-mentioned studies that have found effects
concentrate on speciﬁc signal modiﬁcations that reveal interesting details
about the functionality of the auditory system. A largely unexplored area
is the effect of phase on spatial aspects of perception.
Changing the phase spectrum of a signal alters the temporal envelope
of the signal, thus connecting the two closely together. An example of
this can be shown with harmonic complex tones created by using sums
of sinusoids with different phase spectra. The creation of such signals is
explained in Schroeder (1970) and Lindemann and Kates (1999), and these
signals are employed in PIII. The left side of Fig. 2.5 shows a conceptual
example of two signals that have identical frequency content but different
phase spectra. The signal in the upper left panel consists of zero-phase
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tones, a concept that refers to a signal where all of the components start
simultaneously at their maximum amplitude, producing short transients
in the signal envelope. The lower left panel shows a signal where the
phases of the tones are random. The signals are clearly different in the
temporal domain, and they sound different as well (Lindemann and Kates,
1999).
ITD cues in the envelope of the signal increase the accuracy in spatial
perception, and this helps especially at high frequencies, where the phase
difference in the onset of the two ear canal signals can not be used as a
directional cue (McFadden and Pasanen, 1976). The sensitivity to envelope ITD is demonstrated particularly well with sinusoidally amplitudemodulated (SAM) tones or transposed tones. A schematic presentation of
the waveforms of these types of signals is presented on the right side of
Fig. 2.5.
SAM tones are typically signals with high-frequency content, and the
self-explanatory name comes from the way their amplitude is modulated
so that the envelope of the signal corresponds to a low-frequency sinusoid.
This approach allows the investigation of the effect of the envelope without
low-frequency ITD cues affecting the outcome. Henning (1974) was the
ﬁrst to show the sensitivity to detect envelope-ITD cues in SAM tones by
using a sinusoid at 3900 Hz, amplitude-modulated by a 300-Hz sinusoid.
The performance in a lateralization task was as good with the SAM tone
as with a regular 300-Hz sinusoid. Similar signals with varying frequency
content were applied later in numerous studies, showing, e.g., that the
envelope ITD detection is strongest when the modulation frequency is
      ï   
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Figure 2.5. Conceptual waveform examples of four different types of signals concerning
the phase spectrum. On the left, two signals with identical frequency content
consist either of zero-phase or random-phase sinusoids. On the right, a
sinusoidally amplitude-modulated tone and a transposed tone are shown.
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between 100 Hz and 300 Hz (Nuetzel and Hafter, 1981; Bernstein and
Trahiotis, 2002).
Transposed tones, in turn, are constructed by multiplying a high-frequency tone with a half-wave rectiﬁed and low-pass ﬁltered tone (van de Par
and Kohlrausch, 1997). As can be seen in Fig. 2.5, the resulting tone is
different from an SAM tone by its steeper envelope rise and the existence
of silent gaps. The envelope-ITD sensitivity was shown to be better with
transposed tones than with SAM tones (Bernstein and Trahiotis, 2002).
Factors increasing the envelope ITD sensitivity in high-frequency tones
have been shown to be an increase in the steepness of the envelope slope,
the peak level, and the silent interval between the peaks (Laback et al.,
2011). Overall, the studies show that envelope ITD may act as a relevant
spatial cue. The discussion is continued in Sec. 3.1, where the effects of
envelope ITD will be reviewed in the context of perceiving a target in the
presence of one or more distracting sound sources.
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3. Spatial hearing in complex scenarios

In everyday life, there are sound sources all around us. In an ofﬁce space,
there are keyboards clicking, someone might be talking on the phone in
the next room, a truck may drive past the window, and the ventilation
system produces background noise. On top of all the sound sources, there
are reﬂections from the walls, making the sounds reverberant. Therefore,
in order to get closer to the essence of natural spatial hearing in research,
scenarios with complex sound source combinations have to be investigated
instead of limiting to the perception of a single sound source in free ﬁeld.
This section focuses on the spatial perception and localization of scenes
that consist of more than one sound source simultaneously.

3.1 Target and distractor
Many natural listening scenarios consist of sound signals important to the
listener in the presence of unwanted background sounds. A good example
focusing on speech perception is the cocktail party effect (Cherry, 1953),
which refers to the ability of humans to focus on one talker by segregating
that signal from distracting speech signals. The performance in such
a scenario is aided by binaural listening. Even with three distracting
speech signals, the accuracy of localizing the target has been shown to
be very good in binaural listening, whereas the monaural performance is
signiﬁcantly worse (Hawley et al., 1999). Another binaural effect is the
spatial separation between the target and the distractors that improves
the performance of listeners in a speech-intelligibility experiment (Hawley
et al., 1999). The advantage has been measured to be between 0 and 8 dB,
meaning that the target can be up to 8 dB lower to be still intelligible
when spatially separated from distractors (Bronkhorst, 2000). As Buell
and Hafter (1991) point out, the task of localizing complex sound scenarios
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typically requires grouping of spectral components so that those that
belong to one source are grouped and segregated from competing sources.
They list harmonic relation and spatial position of the signal components
as important grouping cues.
The binaural masking level difference (BMLD) is a phenomenon where
the beneﬁt of binaural listening can be demonstrated. Similarly to the
cocktail party effect, the detection threshold of a target sound depends
on the spatial conﬁguration of the target and the masker. An example of
this is a headphone experiment where the masker is presented to both
ears identically and the target is presented either identically to the ears
or in opposite phase to each ear. The detection of the target is possible
with 15 dB lower SPL with opposite phase than with identical signals to
each ear (Durlach, 1963). This shows that the effect of the masker changes
signiﬁcantly in binaural presentation.
The beneﬁt of spatial separation of the target and distractor has been
demonstrated in various experiments where the stimuli presented have
been non-speech signals, e.g., continuous noise (Brungart and Simpson,
2009; Good and Gilkey, 1996; Lorenzi et al., 1999) and click-trains (Langendijk et al., 2001). With non-overlapping click-trains of 30-ms noise
bursts as the target and one or two distractors, Langendijk et al. (2001)
showed that the target was more easily localized when the distractors were
spatially further away from the target as well as when there was only one
distractor instead of two.
In addition to the mentioned factors, signal envelope (discussed already
in Sec. 2.5) has an effect on the spatial discrimination or segregation
of a target and distractor. Signiﬁcant peaks in the envelope make it
easier to segregate simultaneously presented stimuli that have different
ITD and ILD cues (Schimmel et al., 2008), i.e., stimuli that are localized
or lateralized to different directions. In the experiment by Schimmel
et al. (2008), a bandpass noise and a harmonic tone complex temporally
overlapped, and the phase spectrum of the latter was altered. When
the phases of the tones were random, the perception was harder than
with zero-phase tones producing signiﬁcant peaks in the envelope. A
conceptual example of a signal with zero-phase content is shown in the
upper left panel in Fig. 2.5. In another study, the steepness of the peaks
in the envelope of amplitude-modulated tones was altered (Bernstein and
Trahiotis, 2009). There, the stimulus, consisting of an identical signal to
each ear, was presented simultaneously with a target with an ongoing
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ITD, and it was found that with increasing peak steepness the threshold
ITD for the detection of the target decreased, i.e., the detection was easier.
These results suggest that short transients in the signal aid in spatial
perception and segregation and are in line with the results in Laback
et al. (2011) discussed earlier. The experiment in PIII investigated the
topic further by studying the effects of the envelope with a target and
two spatially separated distractors. The phases of the sinusoids in the
target signal were either randomized to a certain extent or they were all in
zero-phase, causing peaks with different amplitudes in the envelope. The
results showed that the short transients in the signal give the same kind
of aid in tasks with spatially distributed sound sources as well: with more
prominent peaks in the envelope, the directional discrimination of the
target became easier. Moreover, the frequency with which the prominent
peaks occurred was shown to have a signiﬁcant effect on the results as
well, as the peaks had to be scattered less densely than every 10 ms for a
signiﬁcant beneﬁt in the perceptual task.

3.1.1

Precedence effect

The target and the distracting sound do not necessarily have to be two or
more different sound sources—they may originate from the same source.
This is the case in a normal room: the sound of a source is reﬂected from
various surfaces in the room and diffracted from the edges of surfaces,
resulting in a combination of direct sound, early reﬂections, and diffuse
late reverberation. When arriving at the receiver, this room effect can be
thought to be the distracting sound making the localization of the target
more challenging. The precedence effect refers to a group of phenomena
related to the ability to localize the target based on the direct sound even
though there are reﬂections coming from multiple directions (Litovsky
et al., 1999; Brown et al., 2015). Instead of localizing each of the numerous
reﬂections individually, they are perceptually grouped with the direct
sound, affecting the perceived timbre and overall spatial impression of the
listening space and the sound source (Bech, 1995, 1998). Alternatively,
depending on the delay, the reﬂections may be perceived as echoes of the
direct sound.
A simple case of the precedence effect occurs in a scenario with two
temporally successive similar sounds presented from different directions.
The perception of such a scenario depends on the inter-stimulus interval
(ISI) between the two sounds. Assuming an example scenario where the
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sounds are presented from loudspeakers on the horizontal plane in front
of the listener at ±45◦ , the auditory event is perceived in the center when
the sounds are presented simultaneously. When the ISI is less than 1 ms,
summing localization occurs, and a fused auditory image is perceived
towards the leading sound. Increasing the ISI further between 1 ms and
approximately 5 ms, the auditory event is in the direction of the leading
sound. The so-called echo threshold is reached when a second auditory
event is perceived, ﬁrst close to the leading sound and with increasing ISI
farther from that direction. The lagging sound is perceived as an echo
of the leading sound with ISIs larger than approximately 5 ms (Litovsky
et al., 1999).

3.1.2 Two simultaneous sound sources
While the precedence effect deals with scenarios where sounds are presented one after another, an interesting case is when two or more sounds
are presented simultaneously. The concurrent minimum audible angle
(CMAA) describes the smallest perceivable angular difference between
two sound sources that simultaneously emit sound. Here, the presented
sounds are not considered to be divided into a target and distractor, but
rather both or all sounds are relevant. Perrott (1984a) showed that the
CMAA depends on the frequency contents of the signals presented as well
as their location on the horizontal plane. The results showed that when
the two sounds are in front of the listener, one on each side of the frontal
direction, the CMAA can be from 4◦ to 10◦ , while the perception accuracy
decreases when moving to either side. The decrease is not linear, as the
values are between 10◦ and 16◦ when the midline of the two sounds is
at 40◦ , and signiﬁcantly worse, between 30◦ to 45◦ , with a midline at 67◦ .
The signals used in the experiments were pure tones with a frequency
difference of 43, 72, or 101 Hz. In many cases, the CMAA was smaller
with a higher frequency difference, but this was not consistent over all
presentation directions. Another study by Perrott (1984b) actually showed
that the spatial distribution of two concurrently presented sounds was perceived most accurately when the frequency difference between them was
as low as 3%. However, it should be noted that the localization accuracy of
pure tones is not as good as with many other signals and depends on the
frequency, as discussed earlier in Sec. 2.4.
Contrary to what one might expect based on the restrictions in the auditory system in localizing pure tones, the values of CMAA have been
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found to be relatively similar with other signals as well: the perception
is not more accurate with noise than with pure tones. In the case of two
independently generated broadband white noise signals, the CMAA in the
front was approximately 10◦ and close to 30◦ at 67.5◦ (Best et al., 2002,
2004). With frequency-modulated and amplitude-modulated signals, the
results were even worse, as the separation between the two sources had
to be more than 18◦ in all cases, and Divenyi and Oliver (1989) concluded
that, in most cases, a separation of 60◦ or more was required. The perception accuracy of more than two concurrently sound-emitting sources is
addressed in Sec. 3.4.

3.2 Spatial attributes in headphone reproduction
Headphone reproduction is a special listening scenario in the sense that
the two ear canal signals can be separately controlled. As opposed to
stereo loudspeaker reproduction, where each ear receives signals from
both loudspeakers, the signals in headphone reproduction do not leak
to the other ear. Typically, the auditory event in headphone listening
is perceived inside the head. The perception may be point-like or wide,
depending on a number of attributes.
The perceived width has been shown to increase with increasing signal
level or duration (Perrott et al., 1980; Perrott and Buell, 1982). Moreover,
an attribute called interaural coherence, or interaural cross-correlation
(IACC), has varying effects to the perceived width. When two identical
signals are presented to each ear, the IACC is one and a single pointlike auditory event is perceived in the center of the head (Chernyak and
Dubrovsky, 1968; Blauert and Lindemann, 1986). When the signals are
individually randomly generated, the IACC is zero, and two point-like
auditory events are perceived, one in each ear. These two opposite cases
are rather straightforward, and the perceptual effects are more interesting
when the IACC is somewhere between these extremes. Blauert and Lindemann (1986) showed that especially with an IACC of 0.75, the perceived
auditory event was widely spread inside the head.
However, the possibilities are more varied when the frequency content
of the signals is taken into account. It has been shown that the center
frequency of a narrowband stimulus has an effect on its perceived width.
Mason et al. (2005) experimented with signals with an IACC of 1 and
found that the perceived width is at its narrowest with center frequencies
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of 1600 Hz and 3200 Hz, while with frequencies lower or higher than
that, the perceived width increases. Blauert and Lindemann (1986) used
center frequencies between 500 Hz and 4000 Hz and IACC values between
0.25 and 0.75. The results showed a similar effect of frequency, as the
broadening of the perceived auditory event with decreasing IACC was
less prominent at higher frequencies. In other words, the IACC has a
stronger effect on perceived spatial extent at low frequencies, a conclusion
supported by the ﬁnding that the sensitivity to coherence is also more
prominent at low frequencies (Culling et al., 2001).
Despite all the perceptual ﬁndings on IACC, it has been suggested that
the IACC is not an accurate representation of the actual mechanisms of
the binaural abilities of the auditory system (Brand et al., 2002; Mason
et al., 2005). Goupell and Hartmann (2007) suggest that with low values
of IACC, the ITD and ILD cues ﬂuctuate randomly, and these ﬂuctuations
would cause the spatial perception of a broad auditory event, making
the existence of a separate IACC computation in the auditory system
unnecessary. Nevertheless, the IACC is often measured along with several
other measures when investigating, e.g., concert hall acoustics, discussed
next.

3.3

Measures of spatial width and spaciousness

In room acoustics, and especially in concert hall acoustics, the spatial
properties of perceived sounds are of central interest. Consequently, a
number of terms and attributes related to spatial perception in such spaces
have been deﬁned, and here, two categories of terms are discussed: those
that concentrate on the perceived width of one or several sound sources on
the stage and those that describe the reverberant sound surrounding the
listener. Regarding to perceived width, the apparent or auditory source
width (ASW) is a common term, and other terms such as individual source
width, ensemble width, environment width, and scene width may be used
as well (Rumsey, 2002). When the sound is not limited to the frontal
horizontal plane, but rather, the listener perceives to be surrounded by
sound, terms such as listener envelopment (LEV), spaciousness, spatial
impression, reverberance, and surroundedness are used (Rumsey, 2002;
Berg, 2009).
As mentioned, ASW describes the perceived width of a frontal horizontal
auditory event. When discussing the attributes of a good concert hall, it
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is generally desired that the ASW should be wider than the actual width
of the sound source group (Beranek, 1996). Bradley and Soulodre (1995a)
stated that the ASW is strongly affected by early lateral reﬂections, i.e., the
ﬁrst reﬂections that are typically caused by walls or ﬂoor close to the sound
source. The ﬁrst reﬂections can be thought to be perceptually grouped
together with the direct sound so that they form a spatially wide or broad
auditory object when strong lateral reﬂections are present. Moreover, ASW
has been shown to depend, e.g., on the presentation level—sound pressure
level (SPL)—and IACC (Hidaka et al., 1995; Okano et al., 1998). The
ASW increases with increasing SPL and with decreasing IACC, the latter
indicating that as the correlation between the ears decreases, the ASW
increases (Hidaka et al., 1995).
The envelopment is, by deﬁnition, judged to be highest when the sound is
perceived to arrive equally from all directions (Beranek, 1996). Bradley and
Soulodre (1995b) found that LEV has a strong correlation to lateral energy
arriving later, i.e., the reﬂections that arrive over 80 ms after the direct
sound. There is an effect of reverberation time of the space as well, higher
reverberation times resulting in higher LEV. Furthermore, having high
levels of LEV reduces the sensitivity to changes in ASW. Because of this
masking, Bradley and Soulodre (1995a) suggest that LEV would be more
important in deﬁning the overall spatial impression than ASW. In addition
to sound that arrives later, LEV has been found to be inﬂuenced by the
presentation level of the sound so that increasing the SPL increases LEV
(Soulodre et al., 2003), which is in correspondence to the level dependency
of the ASW.

3.4 Perception of width and distribution
The resolution of spatial distribution perception is relatively low. Compared to the localization accuracy of human hearing with single sources,
MAA being around 1◦ at best (Mills, 1958), perceiving the directional distribution of multiple sound sources emitting sound simultaneously has
been found to be challenging in various studies. This was already covered in the case of two concurrent sound sources in Sec. 3.1.2, and here,
studies on the perception accuracy for more than two sources emitting
sound simultaneously are discussed. More precisely, two types of spatially
distributed scenarios are considered: ﬁrstly, the perceived width of sound
source groups in front of the listener; and secondly, the perceived distribu-

31

Spatial hearing in complex scenarios

tion of surrounding or diffuse sound scenarios. These studies are closely
related to the core of this thesis, and therefore, they are discussed in detail
together with relations to the publications in this thesis.
Hirvonen and Pulkki (2006b) conducted an experiment where a wideband
noise signal was divided into narrow bands and presented from nine
loudspeakers, constructing a 45◦ wide loudspeaker setup in the frontal
horizontal plane, as shown in Fig. 3.1a. Thus, each loudspeaker signal
was independent from one another, but nevertheless, the complete setup
formed an entity. The frequency bands were always arranged to be played
at the loudspeakers so that neighboring frequencies were next to each
other either in ascending or descending order. The task of the test subjects
was to indicate the perceived center of gravity of the sound and those
loudspeakers they perceived as emitting sound. The highest and lowest
frequency bands were found to dominate the perception, as the perceived
center of gravity clearly followed their direction in most cases where the
total stimulus bandwidth was one ERB. However, in the cases with the
highest frequency content and a case with a bandwidth of two ERBs, the
perceived center of gravity seemed to be relatively close to the center of
the loudspeaker setup. Corresponding to previously discussed effects of
frequency on perceived width (Sec. 3.2), the cases with higher frequency
content were perceived to be narrower than wideband or low-frequency
content. The perceived width never exceeded 30◦ , and typical values were
between 10–20◦ . In other words, the perceived width was signiﬁcantly
smaller than the physical width of the loudspeaker setup. This suggests
that perceptual fusion of some frequency bands occurred. However, it
is noteworthy that the results in PI show that also sound source groups
with wideband signal content were found to be perceived as narrower
than they actually were. This was the case even though head movements
were allowed in the experiment, thus indicating that the perception of
spatially widely distributed sound source groups does not follow the spatial
accuracy of single sound sources, but rather, simultaneously presented
sound sources affect the perception of one another.
In another experiment, Hirvonen and Pulkki (2006a) used eleven loudspeakers and distributed narrow bands of noise to them similarly as in the
previous experiment, except that the frequency bands were spread in multiple ways instead of limiting to neighboring frequency bands being next
to each other. The loudspeaker setup employed was two times wider than
in Hirvonen and Pulkki (2006b), spanning ±45◦ in the frontal horizontal
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plane, as illustrated in Fig. 3.1b. Again, the lowest and highest frequency
bands had a more pronounced effect on the perception than the middle
frequencies. The average number of loudspeakers marked was low, being
at most between three and four loudspeakers of the maximum of eleven.
Nevertheless, the number of loudspeakers indicated as emitting sound was
found to be higher in cases where the adjacent frequency bands were not
in neighboring loudspeakers. This is possibly due to the perceptual fusion
of frequency bands occurring more easily with adjacent frequencies. In PII,

45°
90°

(a) Hirvonen and Pulkki
(2006b)

(b) Hirvonen and Pulkki (2006a)

(c) PII

(d) Gómez et al. (2011)

(e) Hiyama et al. (2002)

(f) PI

Figure 3.1. Loudspeaker setups used in different listening experiments discussed in this
section.
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the perceptual spatial fusion of frequency content was of special interest.
There, narrow frequency bands were reproduced in different directions
either randomly or based on a speciﬁc pseudo-random procedure ensuring
that adjacent frequency bands would not be next to each other. The loudspeaker setup used is shown in Fig. 3.1c, twelve loudspeakers surrounding
the listener in 30◦ intervals. It was found that signals spread in this way
were timbrally perceived as wideband signals close to the original, i.e., they
were not perceived as several narrowband signals in different directions.
Still, spatially they were perceived to be spread over a wide area instead
of being fused. This shows that spreading the frequency bands of the
sound signal in different directions in a certain way helps in forming sound
scenarios that are perceived to be spatially widely distributed.
Gómez et al. (2011) explored the spatial perception of diffuse reverberation with or without direct sound. Their aim was to ﬁnd the perceived
spatial distribution of the reverberant part, and the test subjects were
speciﬁcally instructed not to focus on the direct sound. The reverberation
time was either 1.2 s or 2.4 s, and the level of the direct sound was either
absent or 12 dB, 9 dB, or 6 dB lower as compared to the reverberation.
Different loudspeaker setups were tested, and the most relevant in the
context of this section was a setup with eight loudspeakers surrounding the
listener, depicted in Fig. 3.1d. The listening test results showed that whenever the direct sound was present in the scenario, the perceived spatial
distribution of the diffuse reverberation was heavily concentrated towards
the front. Without the direct sound, the scenarios were perceived to be
more distributed, but with a 1.2-s reverberation time the front was the
most prominent direction, while with 2.4-s reverberation time the right
side dominated. In none of the cases was the perception clearly evenly
distributed and surrounding. Interestingly, there were striking individual
differences in the results. Some test subjects perceived the reverberation
prominently and consistently in one direction, e.g., to the right or to the
back, while others perceived, e.g., three directions or a more surrounding
scenario. Nevertheless, the overall result was that the perceived spatial distribution of the diffuse reverberation was found to be narrow as
compared to the actual distribution of loudspeakers emitting sound.
In the context of producing a perception of a surrounding diffuse sound
ﬁeld, the exact perceived locations of separate auditory objects are not
of interest, but rather, the focus is on the spatial impression as a whole.
Nevertheless, the number of sound sources and their placement are still
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important factors. Hiyama et al. (2002) investigated the minimum number
of loudspeakers required to produce a similar perception of a diffuse sound
ﬁeld as one produced by a 24-loudspeaker array evenly surrounding the
listener on the horizontal plane. The loudspeaker setup with the listener
in the center is shown in Fig. 3.1e. The study showed that with uncorrelated white noise signals in each loudspeaker, an evenly distributed setup
with six loudspeakers was perceived as almost identical to the reference
produced with 24 loudspeakers. Sound ﬁelds produced with four or three
loudspeakers were perceived as clearly different. The situation is different
with bandpass noise. Appropriately placed loudspeaker setups with only
four loudspeakers were perceived as being very close to the reference when
two loudspeakers were in the front and two behind the listener. This
indicates that differences in the spatial distribution are easier to perceive
with broadband sound than with sound having limited bandwidths. Among
other studies on the effects of frequency discussed earlier, results from
the second experiment in PI correspond to these ﬁndings. There, the loudspeakers were placed on the frontal horizontal plane, and the reference
consisted of 13 loudspeakers, as illustrated in Fig. 3.1f. With broadband
noise, there were clear differences when up to three loudspeakers were
emitting sound, and a small but statistically signiﬁcant difference emerged
with four loudspeakers. With narrowband noise centered around 500 Hz,
there were clear differences only when the sound was reproduced from two
loudspeakers at ±90◦ or from a single loudspeaker in the front. Even a
setup with two loudspeakers at ±45◦ was perceived as being very similar
to the reference. More loudspeakers were required when the narrowband
noise was around 4000 Hz—four were enough in that case. All in all, a
perception similar to that produced with a dense surrounding loudspeaker
setup can be produced with only a few loudspeakers, again showing evidence for a low resolution of spatial distribution perception.

3.5 Temporal effects
There are various temporal attributes that have an effect on spatial sound
perception. Signal length, either that of a single stimulus or multiple
stimuli, the inter-stimulus interval (ISI) of sequentially presented sounds,
as well as temporal modiﬁcations to concurrently presented sounds can
change the perception.
The temporal length of concurrently presented signals affects the per-
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ceived width so that with increasing signal length the width increases
(Hirvonen and Pulkki, 2008). This was shown using an ensemble of nine
loudspeakers at ±60◦ in the frontal horizontal plane, all of which were
emitting incoherent white noise bursts. As the length of the bursts was
increased from 5 ms to 640 ms, the perception changed from a nearly pointlike to a wide auditory event. The maximum perceived width was nearly
reached already with a signal length of 40−80 ms, the area perceived as
emitting sound being approximately ±30◦ . Nevertheless, increasing the
signal length above 80 ms did change the perception to be more prominently in all directions between the perceived edges. It is noteworthy that
the perceived width did not reach the physical width of the loudspeaker
ensemble, which is in line with the studies mentioned in Sec. 3.4 with
narrow-band noise in each loudspeaker (Hirvonen and Pulkki, 2006b,a) as
well as with wideband noise (PI).
An important spatiotemporal phenomenon is auditory saltation, an illusion where temporally subsequent stimuli affect the perception of one
another. This was ﬁrst demonstrated by Bremer et al. (1977) in a loudspeaker experiment. Typically, the illusion is demonstrated by presenting,
say, six or eight clicks from two horizontal directions at the opposite sides
of the midline, one set of clicks after another. The perception of such a
scenario depends on the offset-to-onset ISI (the silent period between the
stimuli). The results from an experiment by Hari (1995) are presented
in Fig. 3.2 with four different ISI values, the estimated position for each
of the clicks separately on the x-axis and the presentation order of the
eight clicks on the y-axis. With short ISIs of less than 100 ms, the auditory
saltation occurs strongly, meaning that the perception is a spatially smooth
sequence from the starting location to the end location (Hari, 1995; Shore
et al., 1998). With ISIs between approximately 100−500 ms, the perceived
lateral positions of the clicks between the ﬁrst and the last are still shifted
towards the center, but the effect is not as strong (Hari, 1995). Phillips and
Hall (2001) showed a variability in this temporal window where auditory
saltation can still occur. In their experiments, the ISIs typically had to be
less than 350−400 ms for the effect to be found.
It should be noted that the auditory saltation effect is clear only in
loudspeaker reproduction or in binaural headphone reproduction where
lead-lag pairs are presented. The latter means that, as an example, both
ears receive eight clicks, but the ﬁrst four are presented with the left ear
leading and the last four with the right ear leading (Hari, 1995). In other
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Figure 3.2. Estimated positions of clicks in an auditory saltation experiment with different
inter-stimulus intervals. Conﬁdence intervals smaller than the size of the dot
are not shown. (Adapted from Hari (1995))

words, the clicks are presented with an ITD. When clicks are presented
monaurally, a sequence of four clicks to the left ear followed by four to the
right, the auditory saltation effect is nonexistent (Hari, 1995). Phillips
and Hall (2001) found that the illusion can be created with an ILD-based
presentation as well.
The studies on auditory saltation focus on investigating the perception
when the stimuli originate from two directions at the sides, and speciﬁcally the ISIs at which those stimuli are perceived between their original
directions. The perception in the case where there actually are sounds
originating between these edges as well was still unexplored. Such a scenario was investigated in PIV by presenting a sequence of noise bursts
or clicks so that the stimuli were spatially distributed in three to seven
directions in the frontal horizontal plane. The aim of the study can be
thought to be to ﬁnd an ISI limit at which the spatial perception is not affected by auditory saltation anymore. As expected from auditory saltation
experiments, the results showed that the exact directional distribution was
challenging to perceive with low ISIs. The ISI values where the stimuli still
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affected spatial perception of one another were in the range from 100 ms
to as high as 850 ms depending on the signal attributes. These results
are in agreement with those obtained by Hari (1995). With ISIs longer
than that, the auditory saltation illusion does not affect the perception.
Overall, the phenomenon that a sequence of sounds presented from two
distinct locations may be perceived as coming from a line between the two
locations suggests that the auditory system temporally integrates spatial
information. The results in PIV, Hari (1995), and Phillips and Hall (2001)
suggest that this integration occurs over a time period of several hundred
ms. Another set of studies supporting the existence of binaural integration
are those on a concept called binaural sluggishness. It refers to the ﬁndings
that the binaural system reacts relatively slowly to changing interaural
cues in sound localization as well as in signal detection tasks (Grantham
and Wightman, 1979; Culling and Summerﬁeld, 1998; Kolarik and Culling,
2009). An integration time approximately in the range from 100 ms to
350 ms has been suggested (see Kolarik and Culling (2009) and references
therein). Considering the different nature of binaural sluggishness and auditory saltation tasks, the results on the binaural integration time support
one another.
To perceive the world as in the auditory saltation illusion is logical since
in natural situations, an object making a certain sound does not rapidly
jump from one location to another but rather moves following some path.
In that sense, the auditory system makes the simplest interpretation of
the complex scenario (Shore et al., 1998). One suggestion for the reason
of this perception is a considerably long neuronal delay in the auditory
system before a conscious perception is formed (Hari, 1995).
Combining spatial distribution perception and sequentially presented
sounds, an experiment investigating the auditory rotational motion was
conducted by Fèron et al. (2010). Twelve loudspeakers in the horizontal
plane evenly distributed to cover 360◦ around the listener sequentially
emitted broadband or band-limited noise one after another, and the time
for sweeping one full circle was altered. The upper limit for perceiving
a smooth circular trajectory was around 2.0−2.5 full circle rotations per
second. Broadband noise was found to be perceived to be rotating smoothly
with higher values of rotation speed than high-pass noise, and Fèron
et al. (2010) hypothesize that low-frequency ITD cues dominate in auditory
motion perception.
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4. Auditory modeling and spatial sound
reproduction

As the previous sections have shown, human perception of spatial sound is
versatile in its abilities, yet having limitations that may not be obvious at
ﬁrst. This makes computational modeling of binaural hearing a challenge—
after all, the aim in auditory modeling is to mimic the performance of
humans as closely as possible. Many approaches can be taken to such
modeling: the basis for the construction of a model can be knowledge of
neuroanatomy, neurophysiology, psychoacoustics, or a combination of these.
When using neurological studies, design of the functions in the model
is selected to match the functionality of different parts of the auditory
pathway. As for using results from psychoacoustic experiments, the focus
is on matching the output with the human performance with any suitable
approach. Because neurophysiology is relevant for auditory modeling, the
structure of the auditory pathway is presented in the beginning of this
section.
Since most of the studies in this thesis provide useful information for the
development of spatial sound reproduction techniques, these techniques
are presented brieﬂy at the end of this section. Their design principles
and some possible audible artifacts are discussed. In PVI, a few of the
techniques are applied to reproduce spatial sound scenarios in order to
test the functionality of a binaural auditory model in the analysis of their
performance, combining the two topics of this section.

4.1 Auditory pathway
The route that the auditory information travels in the brains is called the
auditory pathway. A schematic diagram of that route is shown in Fig. 4.1
and discussed here brieﬂy. The focus is on the parts that are relevant to
binaural processing, and therefore, numerous nuclei, cells, and connections
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Figure 4.1. A simpliﬁed diagram of the auditory pathway concentrating on the parts
related to spatial sound perception. Only the connections projecting to one
side are presented.

between them are not mentioned. The connections in the ﬁgure are limited
for clearer visualization so that only those projecting to one side are shown.
The physiological structure of the ear was described in Sec. 2.1 up to
the cochlea, where the vibration of the ﬂuid is transformed into neural
impulses that are divided into frequency bands. These neural impulses
travel through the auditory nerve to the cochlear nucleus (CN). There
are two CN in the brains, one on each side, and they project responses
to various parts of the auditory pathway. Rauschecker and Tian (2000)
proposed that there may be an organization in the auditory cerebral cortex
that classiﬁes two streams as the what and the where streams, and in the
auditory modeling in this thesis, an analogous classiﬁcation is made in the
auditory pathway. Simply put, the streams are classiﬁed so that the what
stream includes the spectral information while the where stream contains
the spatial information.
Following this hypothetical classiﬁcation, a stream called the ventral
stream is effectively the where stream, the connection between the CN
and the medial superior olive (MSO) and the lateral superior olive (LSO).
These olives can be found in both cerebral hemispheres, and they receive
CN inputs from both sides, meaning that they are able to process binaural
information. The MSO has been found to be sensitive to ITD (Grothe,
2003), while the LSO is sensitive to ILD (Tollin et al., 2008) as well as to
ITD at low frequencies (Joris, 1996; Tollin and Yin, 2005) and to envelope
ITD at high frequencies (Joris et al., 2004). The MSOs and LSOs project to
the inferior colliculus (IC).
The CN has a direct connection to the IC via another stream called the
dorsal stream, which can be interpreted to be the what stream, shown
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with a bold line in Fig. 4.1. Thus, the IC receives both the what and the
where streams, as well as information about head movements. The IC
has connections to the auditory cortex and the superior colliculus (SC),
the latter of which is the place where the visual and auditory information
meet for the ﬁrst time, making it an important place for cross-modal
interaction (Calvert, 2001). There are results supporting the existence of
a topographically organized map of the auditory space in the SC (Møller,
2006) as well as a corresponding map of the visual space that are aligned
so that location-speciﬁc multimodal stimulation is possible (Gordon, 1973;
Palmer and King, 1982).

4.2 Binaural models
In order to mimic the functionality of human hearing in perceiving spatial
scenarios, being able to model the sensitivity to spatial cues of various
neurons in the auditory pathway would be beneﬁcial. Various models
of binaural hearing exist (see, e.g., Colburn and Durlach (1978); Blauert
(2013)), and two types of approaches can be considered to be motivated by
neuroanatomy and neurophysiology. These two are coincidence detection,
or delay-line models, and count-comparison models. Their views of the
functionality of the auditory pathway differ, and there is evidence supporting both views. An overview of the principles and support for both
approaches are presented in this section.

4.2.1

Coincidence detection and equalization cancellation

The most commonly known model of binaural hearing is based on coincidence detection and was proposed by Jeffress (1948). It is sensitive to ITD
only and assumes that there are neurons in the brains that are sensitive
to speciﬁc ITD values. These neurons are modeled by connecting delay
lines from the ear canal signals to coincidence-detection neurons, and the
highest output is obtained when the delay in the processing chain cancels
out the delay between the ear canal signals.
The original approach by Jeffress (1948) has been further developed and
implemented in various modeling approaches over the years. One addition
is ILD detection, which is based on measurements suggesting that the
SPL has an effect on the latency of neural activity (Deatherage and Hirsh,
1959). This allows for an approach where the ear canal signal with a lower
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SPL is delayed more and can therefore be detected similarly as ITD with
delay lines. A more recent model including ILD detection has replaced the
coincidence-detection neurons with two cells that receive excitation and
inhibition from the ears (Breebaart et al., 2001).
Another approach to modeling is to ignore the functionality of the auditory pathway and concentrate on the outcome. One such model is the
equalization-cancellation model by Durlach (1963) that focuses on the task
of binaural signal detection in the presence of masking noise instead of
forming a general model of the hearing system. The model is designed to
extract only the signal while leaving out the masker. The implementation
includes bandpass ﬁlters and equalization of the masker signal components with the help of ITD and ILD cues. Then, by subtracting the ear
canal signals from each other, the masker should be cancelled out.

4.2.2 Count-comparison principle
Even before Jeffress (1948), von Békésy (1930) introduced an approach to
binaural hearing modeling based on a principle called count comparison. It
has not been experimented with and applied as widely as the Jeffress-type
coincidence detection models. Its basic principle is that there are two sets
of neurons and the direction of a sound is encoded in the output rates of
the two sets. The ear that receives the signal earlier or at a higher SPL
will produce a larger output to the contralateral hemisphere. Thus, this
approach allows the detection of both the ITD and the ILD. The higher
processing stages form an interpretation of the location by comparing the
relative activation of both hemispheres. The name count-comparison comes
from this stage since it includes counting and comparing the number of active neurons on each side. The principle of count-comparison modeling has
later been further developed (von Békésy and Wever, 1960; van Bergeijk,
1962; McAlpine et al., 2001; Stecker et al., 2005; Pulkki and Hirvonen,
2009).
A fundamental difference between the coincidence detection and countcomparison models can be explained with the help of Fig. 4.2. The two
sides of the ﬁgure schematically illustrate the activation caused by sounds
originating from different horizontal directions in the two modeling principles. Each curve on the left represents one coincidence-detection neuron
sensitive to a speciﬁc direction, thus ﬁring maximally for that direction. On
the right, the two sets of neurons in the count-comparison model each have
their own activation, one set having its maximum activation on the left
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Figure 4.2. The activity levels caused by different horizontal sound source locations presented schematically for the coincidence detection and count-comparison models. (Adopted from Pulkki and Karjalainen (2015))

and the other on the right. In other words, coincidence detection assumes
that there are numerous narrowly tuned receptive ﬁelds in the brains,
while count comparison includes only two widely tuned receptive ﬁelds
that are each responsible for an entire hemiﬁeld.
In Pulkki and Hirvonen (2009), functional models of the MSO and LSO
were implemented following the count-comparison principle. Findings from
neurophysiological studies were used in the design of the models in order to
match their output to neuroanatomical data. The connections between the
models were based on neuroanatomy as well. The outputs were normalized,
and the functionality of the model as a whole was addressed with a number
of simple binaural listening scenarios, the results showing a good match
between the model and actual psychoacoustical data. It should be noted
that the outputs were not representing a map of the spatial perception as
such, and if knowledge on the spatial perception was desired, the outputs
had to be interpreted manually.
The limitation of implementing the count-comparison principle in binaural modeling is that the output is not directly applicable in the visualization
of the spatial properties of the auditory scene. Therefore, some kind of
further processing is needed. This was addressed in PV, that built upon
the work presented in Pulkki and Hirvonen (2009). A binaural activity
map was formed by using the outputs of updated functional models of
the MSO and LSO. The resulting map shows the combination of the what
and the where streams so that the spectral content at the what stream is
steered on the map based on the directional information from the where
stream. As discussed above, such a topographically organized map might
exist in the SC, and it is further possible that there is a similar map of
the visual information as well (Calvert, 2001; Møller, 2006). Therefore,
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forming the map of the auditory space opens up possibilities to connect
the visual and auditory information to form a more complete picture of the
perceived world around us.

4.2.3 Physiological support for modeling principles
There is no deﬁnite knowledge on how the human auditory system encodes
the incoming information with regard to similarities to modeling principles.
Nevertheless, various studies that reveal supporting evidence for some
encoding methods have been conducted, some of them on smaller mammals
and some even with humans. The neurons in the brains should respond
and function during investigation, but naturally, invasive operations are
not done with human subjects. Instead, brain-imaging methods such
as magnetoencephalography (MEG), magnetic resonance imaging (MRI),
or electroencephalography (EEG) have been used. Here, a number of
studies supporting the existence of neural mechanisms that follow a certain
modeling principle are brieﬂy discussed. A more thorough review on the
topic is found in Salminen (2011).
Studies on the functioning principle of the MSO have revealed varying
results. The tuning to the ITD in the MSO of a cat has been shown to be
relatively narrow (Yin and Chan, 1990), being in line with the Jeffress-type
coincidence-detection model, suggesting that there are neurons sensitive
to speciﬁc ITD values. The coincidence-detection model also assumes that
the MSO prefers ITDs that are physiologically possible, i.e., not larger
than what the head size of the mammal would cause. Studies with cats
support this assumption (Yin and Chan, 1990) while those with gerbil
MSO contradict this ﬁnding by showing preference for ITDs that are larger
than the physiological range determines (McAlpine et al., 2001; Pecka
et al., 2008). When not addressing the MSO speciﬁcally but the general
neural coding of ITD cues, the human cortex has been shown to follow the
count-comparison principle with ITD (Salminen et al., 2010).
In the case of the LSO, many studies suggest that its functioning follows
the count-comparison principle. In line with the functionality discussed
above, the maximum response to ILDs occurs with ILD cues pointing to
the side, and there is a steep slope with cues near the center (Tollin, 2003;
Park et al., 2004).
To summarize, there are results supporting both the coincidence detection
and count-comparison principles. These ﬁndings do not lead to a clear
preference for either of the modeling principles, but rather show that both
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of them could be neurophysiologically acceptable.

4.3 Spatial sound reproduction
Generally, the physical reconstruction of a sound ﬁeld over audible frequencies is not possible with available audio systems. There are methods
that aim for physically accurate reproduction that covers the whole frequency range, but they require an unfeasible number of microphones and
loudspeakers (de Vries, 2009). Therefore, alternative solutions have to be
created, aiming instead for a reproduction that is reasonable for human
listeners. As is known from psychoacoustics, human hearing is limited
in various aspects (for reviews, see, e.g., Blauert (1997) or Pulkki and
Karjalainen (2015)), which leads to the realization that certain parts of
the auditory landscape do not need to be reproduced as the difference will
not be perceived. In other words, the limitations of the auditory system
can be turned into design principles of reproduction techniques.
Parametric spatial sound reproduction techniques exploit these limitations and aim to reproduce the scenario perceptually similarly to the
original. This means that a perfect reconstruction of the original scenario
is not the ultimate goal, but instead, the reproduced sound ﬁeld is intentionally different from the original. Thus, when assessing the performance
of a technique, direct comparison of the sound ﬁelds of the original and the
reproduced cases is not logical, since they are supposed to be different by
design. Rather, the analysis of the performance of a technique requires a
listening experiment with human listeners or an auditory model mimicking
human perception.
Here, a brief overview is given on parametric reproduction techniques.
Their relevance to this thesis is twofold: the results of the listening experiments in the publications can be applied in the development of parametric
techniques, and an auditory model is used to assess such techniques in
PVI.

4.3.1

Fundamental principle of parametric spatial sound
reproduction techniques

The basic idea behind all parametric techniques is similar: they all analyze
properties that are assumed to be perceptually signiﬁcant from the sound
scenario and produce a sound ﬁeld that attempts to be perceptually similar
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to the original. Such techniques include, e.g., MPEG surround (Herre et al.,
2004), Directional Audio Coding (DirAC) (Pulkki, 2007), a wiener-ﬁlteringbased method (Faller, 2007b), and high angular resolution planewave
expansion (Berge and Barrett, 2010).
Figure 4.3 schematically illustrates the fundamental principle of parametric spatial sound reproduction techniques. The input is a number of
signals from a recording or, alternatively, loudspeaker signals in an audio
ﬁle. The spatial arrangement of the group of microphones used in the
recording has to be known so that the directions of arrival of the recorded
sounds can be obtained. The ﬁrst stage of the techniques involves transferring the signals into the time-frequency domain. Then, a spatial analysis
is conducted, and the resulting spatial attributes are stored as metadata.
Both this metadata and the signals are then used in the spatial synthesis
that results in the desired number of loudspeaker or headphone signals.
The number of microphone or loudspeaker signals in the input does not
need to match the number of channels in the ﬁnal reproduction—actually,
it is typical that only a few input signals are used together with the metadata to output a higher number of loudspeaker signals (Pulkki, 2007). It
should be noted that the metadata does not enable lossless coding of audio
content. Instead, the data rate is relatively low, and the resolution is aimed
to match the human perceptual resolution. The details of the computation
of the metadata and its temporal and frequency resolution could be further
tuned to obtain a perceptually more optimal output. One such aspect is
discussed in Sec. 4.3.2.
Even though the fundamental principle is similar, there are clear differences between the approaches taken in the parametric techniques. The
basic assumption in DirAC is that at any one time instant and in any
one critical band, it is possible to perceive only one single direction together with interaural coherence (Pulkki, 2007). Then, it is assumed that
a perception corresponding to the original scenario is obtained when the
direction and diffuseness of the sound ﬁeld is reproduced correctly. In
Microphone or
loudspeaker
signals

Time-frequency
analysis

Signals in
time-frequency
domain

Spatial
analysis

Spatial metadata
in time-frequency
domain

Spatial
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Figure 4.3. Schematic diagram of the principle of parametric spatial sound reproduction
techniques.
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high angular resolution planewave expansion, instead of assuming a single plane wave with diffuseness as in DirAC, the assumption is that the
sound ﬁeld consists of two plane waves (Berge and Barrett, 2010). The
wiener-ﬁltering-based method uses two cardioid microphones facing opposite directions and assumes that in one frequency band the microphone
signals consist of a single plane wave together with ambient sound, while
cross-correlation is used to remove the signal of one cardioid from the other
(Faller, 2007a,b).

4.3.2

Temporal smoothing in spatial parameters

Since the goal of parametric techniques is to reproduce sound that is not
perfect and exploit perceptual limitations, there are bound to be unwanted
audible imperfections on top of those that are intentional. These ﬂaws are
typically called artifacts, and many that exist are only audible in speciﬁc
scenarios. A few spatial artifacts are intentionally reproduced in PVI, as
the aim of that publication is to show that a binaural auditory model can be
useful in the assessment and detection of such problems. Here, an artifact
relevant to PIV is brieﬂy explained.
The spatial parameters that are computed in the spatial analysis stage
may vary rapidly over time. In order to avoid unwanted ﬂuctuation in
the directions of the reproduced sounds, temporal smoothing is applied in
the spatial synthesis. A time-constant for the smoothing of the parameter
controlling the direction of the sound source has to be selected so that, on
one hand, the parameter is accurate and stable and, on the other hand,
fast changes that are actually occurring in the direction of the signal can
be reproduced. The value, as well as the functionality of a reproduction
technique as a whole, should correspond to the spatio-temporal resolution of human hearing. One aspect of this resolution is addressed in PIV
where sounds were presented one after another from different directions
in loudspeaker reproduction. The spatial perception of successive stimuli
was found to be affected by the other stimuli for surprisingly long time
intervals, at least 100−200 ms, while the time constants for temporal averaging in the reproduction techniques are typically selected to be around
10−50 ms. Thus, these time constants are motivated from the perspective
of directional averaging time intervals in the human auditory system.
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4.3.3 Virtual reality
A special case in the reproduction of sound is a virtual-reality world (Vorländer, 2007). In practice, this could mean a computer-generated visual world
that is projected on a screen or by using a virtual-reality head-mounted
display accompanied by sound coming from headphones or a number of
loudspeakers around the listener. Free movement in the virtual world
should be possible, meaning that the generated visual and auditory objects
should function regardless of the position of the observer. The speciality
of virtual reality is twofold: on one hand, there are no limitations of the
real world and, on the other hand, the scenarios to be reproduced cannot
be prerecorded. The latter point leads to the need to create new methods
to reproduce sound. The challenge is not in point-like sound sources, since
they can be reproduced from their appropriate positions in a relatively
straightforward way. Rather, cases such as those forming the core of this
thesis, spatially complex sound scenarios, need more careful thought. As
there is no original scenario whose attributes should be perceptually reproduced, the parametric techniques discussed above do not offer direct
solutions.
PII evaluates and reﬁnes a method to synthesize spatially extended
sounds from a mono signal, offering a tool for virtual-reality audio reproduction. In the method, the original signal is divided into narrowfrequency-band components that are randomly distributed in directions in
the area spanning the desired extent. Listening experiments performed
in PII show that the method is capable of reproducing different spatial
extents as well as a perceptually surrounding auditory event that has no
particular apparent direction. This demonstrates that the method can
be applied to reproduce versatile objects whose auditory extent can be
modiﬁed according to constantly changing parameters in a virtual world.
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5. Summary of publications

This section summarizes the contents of the publications in this thesis.

Publication I: “Directional perception of distributed sound sources”
The localization accuracy of a single sound source is well known in various
conditions and with various signal parameters, while the perception of
spatially complex sound scenarios has not been investigated as thoroughly.
The two listening experiments in PI investigated how accurately the spatial conﬁgurations of multiple sources emitting sound simultaneously can
be perceived. In the ﬁrst experiment, uncorrelated pink noise was presented from one to thirteen loudspeakers that were placed on the frontal
horizontal plane, equidistant from the listener. They were separated by
15◦ , and the task of the listeners was to indicate, with the same resolution,
the directions where sound was coming from. The results showed that the
directions of only up to three individual sound sources were perceived accurately. Furthermore, when producing a spatially widely distributed sound
source, it was perceived as slightly narrower than the actual physical
setup.
The stimuli of the second experiment were bandpass noise signals with
varying bandwidth and center frequency. The perceived spatial difference
between a reference produced with 13 loudspeakers and a stimulus produced with one to seven loudspeakers was rated. The difference was found
to increase with increasing bandwidth as well as with a higher center
frequency. With most stimuli, even a setup with four loudspeakers was
perceived to be very similar to the reference with 13 loudspeakers. Overall, the accuracy of the spatial distribution perception is affected both by
the distribution of sound sources as well as the frequency content of the
stimuli.
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Publication II: “Synthesis of spatially extended virtual sources with
time-frequency decomposition of mono signals”
When generating a virtual auditory space, the synthesis of sound with
spatial volume or extent is often a useful technique. Due to the ﬂexibility
requirements when creating virtual spaces, performing the synthesis using
a monophonic source signal is very practical—and in some cases, it might
be the only option. Such synthesis of spatial extent has been shown
to be possible in an earlier study by applying a time-frequency-space
decomposition, and the method was further investigated and tuned in PII.
Psychoacoustic experiments investigated the effects of different parameters
on the perception of the scenario. The fundamental idea of the method is
to divide the signal into narrow frequency bands and distribute them to
the desired area either in a random or deterministic way.
First, the method was applied in creating a completely surrounding
scenario that would be perceived to be all around the listener in the
horizontal plane without being particularly in any speciﬁc direction. The
method was shown to form a spatially surrounding sound scenario that
is perceptually even, meaning that no direction dominates the perception.
The effectiveness of the method depended on the source signal as well
as parameters used. Best results were obtained with continuous signals,
such as ambient sounds or music, while impulsive or sparse signals were
found to be unsuitable to be spread in space with the presented method.
In the case of speech signals, the resulting signal was perceived as being
surrounding, but there were degradations in the timbre. Overall, it is
intriguing that a scenario where the sound sources in each individual
direction contain only narrow frequency bands that sound degraded alone
can indeed result in a perception of a spatially extended auditory event
that does not sound ﬂawed.
Second, the method was tested with different distribution widths, using
loudspeakers placed every 30◦ covering a width from 60◦ to 360◦ in steps of
60◦ on the horizontal plane. The method was shown to be able to produce
perceptually widely distributed auditory objects. However, the perceived
width of the distribution was found to be narrower than the loudspeaker
span as well as narrower than scenarios produced with corresponding sets
of loudspeakers with pink noise as the signals. Nevertheless, the method
was shown to be able to produce perception of both evenly surrounding and
widely distributed extents.
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Publication III: “Effect of target signal envelope on direction
discrimination in spatially complex sound scenarios”
The temporal envelope of an individual signal can have an effect on localization due to prominent interaural cues, especially time differences
obtained from the envelope. PIII investigated the effects of these cues on
perception in a listening experiment where three simultaneous sounds
were presented from spatially distributed loudspeakers on the horizontal
plane. The temporal envelope of one of the presented sounds, the target
signal between the two background signals, was altered from case to case.
The task of the test subjects was to discriminate the direction from which
the target signal was emitted. The signals were harmonic complex tones
constructed from a number of sinusoids with frequencies from 2000 Hz to
8220 Hz. The phase spectrum was altered so that the phases of the sinusoids were either completely random, randomized to varying extents, or
all sinusoids were zero-phase. The so-called peak frequency was altered as
well, from 6 Hz to 100 Hz, meaning that the signals could have prominent
peaks in the envelope from 6 to 100 times per second. The SPL of the
target compared to that of background signals was altered, and the aim
was to study the detection threshold where the direction of the target was
perceived correctly.
The outcome of the experiment was that the temporal envelope does
indeed have an effect on the directional discrimination of a spatially distributed sound source—the more prominent the peaks were in the envelope,
the better was the performance of the test subjects. In other words, the
task became easier as either the extent of phase-randomization or the peak
frequency decreased. The prominent peaks in the temporal envelope had
to be scattered less densely than every 10 ms to aid in the task, meaning
that the peak frequency had to be smaller than 100 Hz. An important
implication of these results is that the auditory system seems to build the
perception of a spatially distributed sound from several localizations that
are obtained over a time period.

Publication IV: “Auditory perception of spatially distributed
broadband pulse sequences”
It is hypothesized that the auditory system performs temporal averaging
of directional information, an assumption exploited in some spatial sound
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reproduction techniques. The existence of such averaging as well as the
length of the temporal window applied in the averaging were investigated
in a task of spatial distribution perception. A sequence of seven sounds,
either 3-ms clicks or noise bursts with varying lengths, was presented from
three to seven loudspeakers in the frontal horizontal plane from −45◦ to
45◦ , and the test subjects indicated the directions where they perceived
auditory events. The loudspeakers at the sides always emitted at least one
sound each, while from one to ﬁve of the loudspeakers in-between emitted
only one sound each. The aim was to ﬁnd an onset-to-onset ISI at which
the spatial distribution of the sound sequence was perceived correctly.
Overall, the human spatio-temporal resolution was found to be surprisingly low—the highest average required ISI was close to 700 ms, obtained
with clicks presented from ﬁve different loudspeakers. Such an ISI resulted
in a total duration of 4.2 s for the presented sequence of seven sounds. The
spatial perception of the clicks required a signiﬁcantly higher ISI than
that of the the noise bursts, indicating that the auditory system was able
to extract directional cues more effectively from longer sounds than from
clicks. Furthermore, the easiest cases were the ones where either all or
only three loudspeakers emitted sound. The temporally successive sounds
affected the directional perception of one another, a phenomenon known
as auditory saltation. The phenomenon can be explained by the tendency
of the auditory system to perceive spatially smooth movement instead of
irregularities, and therefore, the cases where all loudspeakers emitted
sounds were perceived easily correctly while the ones with gaps in the
distribution required high ISIs.

Publication V: “Visualization of functional count-comparison-based
binaural auditory model output”
Computational modeling of the human hearing system has attracted interest during the most recent decades, partly due to the possibilities to
study human perception without the need for time-consuming listening
experiments. Multiple approaches have been taken in the modeling, and
in PV, the design principle is based on knowledge of brain mechanisms
and psychoacoustic studies, resulting in a binaural auditory model based
on the count-comparison principle. The implementation includes models of
nuclei in the brain as well as a way to visualize the outputs of the models
with a binaural activity map. The focus was especially in modeling spatial
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hearing.
The MSO and LSO are a key part in the sound localization process, and
in addition to modeling them, a wide-band MSO model was implemented
to make it possible for the auditory model to react to envelope ITD cues.
Since the outputs of the models as such do not represent the human perception, a method to combine the outputs of the models onto a binaural
activity map was presented. The map is not a direct representation of the
human perception, but rather, it visualizes the activation in the auditory
pathway caused by the presented sound. The functionality of the auditory model and the activity map was demonstrated in various binaural
listening scenarios. There were scenarios of various complexities, such as a
single sound presented from different horizontal locations, a binaural room
impulse response, two simultaneous talkers at different locations, and
widely distributed sound sources. The activation evoked by these binaural
sounds were compared to the results of psychoacoustic studies, and the
performance of the model was shown to follow the psychoacoustic data.

Publication VI: “Binaural assessment of parametrically coded
spatial audio signals”
Parametric spatial sound reproduction techniques are based on assumptions about human hearing mechanisms. Therefore, their development
requires substantial work in tuning constants and parameters to obtain a
good perceptual match between the reproduced and the original scenario.
The use of suboptimal parameters results in audible artifacts, e.g., in the
spatial or timbral qualities that are not evident without listening to the reproduced scenario in a listening space. PVI concentrates on the possibility
of a binaural auditory model to perform such analysis as a substitute for a
human listener.
The binaural auditory model whose design principle was presented in PV
was applied in the analysis and visualization of the artifacts. A number of
scenarios reproduced with various techniques as well as different parameter values were investigated, and it was shown that the model was able to
reveal cases where suboptimal parameters resulted in artifacts in the scenario. The differences in the binaural activity maps of the original scenario
and the scenarios with suboptimal parameters matched the ﬁndings from
listening experiments or informal listening. Overall, the results showed
that a binaural auditory model can be used to aid in the development of
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parametric spatial sound reproduction techniques.
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6. Discussion

The publications in this thesis focus on various aspects of the perception of
spatially complex scenarios. This section discusses the outcome of all the
publications and makes connections between their results and implications.
In addition, beneﬁts of the results to other application areas are discussed.

6.1 Spatial hearing
All the psychoacoustic studies of this thesis support the ﬁnding that the
perception of sounds presented from multiple directions simultaneously is
challenging. Especially the localization accuracy is poorer than with one
sound source. The results in PIII and PIV and the references therein suggest that the auditory system builds a complete view of the spatial scenario
with multiple temporally brief looks instead of immediately perceiving the
scenario as a whole. Furthermore, PIII showed that short transients inside
a widely distributed auditory event enhance the accuracy of perceiving
that particular direction where the transient is emitted from. In the case
of PI, the incoherent pink noise stimuli emitted from multiple directions
simultaneously include transients at random time instants, and over time,
they help to form a general picture of the wide auditory event. This leads to
a generalization of perceiving widely distributed sound: spatial perception
of a scenario improves as the time to analyze the scenario increases.
On the other hand, there is signiﬁcant temporal integration in spatial
perception, as the results of PIV show. This is in line with experiments on
binaural sluggishness, as they show that the binaural system is relatively
slow to react to changes in spatial scenarios. One might assume that the
spatial performance in the perception of temporally successive sounds
is signiﬁcantly better than with simultaneously presented sounds, but
comparing the results of PIV and PI suggests that the performance is on

55

Discussion

the same level. It seems that the temporal gap between stimuli presented
from different directions should typically be several hundred milliseconds
in order to have the perception accuracy at a similar level as with single
sounds. The successively presented sounds affect the perception of one
another, lowering the accuracy.
As is typical for studies in psychoacoustics, the majority of the stimuli
in the experiments of this thesis were various types of noise due to the
fact that their attributes are accurately controlled and they are repeatable.
Breaking this pattern, PII included music and speech as well. The stimuli
were spatially spread, and a perception of a widely distributed auditory
event was successfully obtained. The study thus interestingly showed that
it is possible to spread a mono signal with “human-made” content. This
was done by spreading narrow frequency bands of the original signal in
different directions so that adjacent bands were not spatially close to each
other. Even though the resulting perception was spatially spread, there
still was perceptual fusion of timbre, meaning that the narrow frequency
bands were perceptually fused again to a meaningful signal. Further
research is required to ﬁnd out why this method does indeed produce
such a perception. After all, based on the results of Hirvonen and Pulkki
(2006a,b) one could argue otherwise, as those studies showed that widely
distributed narrow frequency bands were perceived to be typically only
half of the sound source width at most, suggesting that distributing the
frequency bands next to each other results in signiﬁcant spatial summing
and narrowing of the auditory image. On the other hand, Cutting (1976)
showed that spectral fusion of spatially separated speech components can
occur with components that are presented separately to each ear. Even
after the perceptual fusion back to a meaningful vowel, two spatially spread
sounds may still be perceived (Takanen et al., 2013), which is in line with
the above-mentioned ﬁndings in PII. The pseudo-random distribution of
frequency bands applied in PII so that adjacent frequency bands are not
placed next to each other likely aids in the successful spatial spreading.
When comparing the perception of these spatially extended virtual sources
of PII to that of the broadband noise stimuli in PI, it can be said that
the perceived spatial spread of the former was almost as wide as that
of the latter. Logically, the results can be applied to synthesize auditory
events with a spatial spread matching the broadband case—or any desired
spread—simply by modifying the width of the real or virtual sound source
setup emitting the sounds.
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6.2 Application areas
In addition to new knowledge on spatial hearing performance in general,
the present results may be applied in a number of ﬁelds, such as audiology
or development of devices for impaired hearing, as well as development of
spatial sound reproduction techniques.

6.2.1

Aided hearing

The average life expectancy of the population in developed countries has
been increasing, which sets demands on healthcare services, including the
need for aided hearing. As the possibilities of restoring hearing become
better via improving technology, the desire to be able to hear more comprehensively is growing. The primary goal when restoring hearing is to
be able to understand speech, but the ability to localize sounds is becoming more relevant and possible, especially with the increasing bilateral
hearing aid ﬁtting or implantation (Dillon, 2001; Litovsky et al., 2004).
Localization does not only help in realizing where an important sound
is, but also improves speech understanding, e.g., in noisy environments.
In the listening scenarios of this thesis, the need for two ears is evident,
and so is the need for interaural cues. Even though this thesis did not
speciﬁcally include studies with hearing-impaired listeners, the present
results may help in the future development of hearing aids and cochlear
implants.
Hearing aids alter the interaural cues, especially ITD, due to several
processes that add delay to the signal (Dillon, 2001). Filters can add delays of several hundred microseconds and digital processing even several
milliseconds (Dillon, 2001). As the maximum naturally occurring ITD is
around 0.7 ms, delays of this length cause problems in obtaining informative spatial cues. Moreover, in cochlear implants, obtaining the dominating
localization cue, the ﬁne-structure low-frequency ITD (Wightman and
Kistler, 1992), is challenging (Wilson and Dorman, 2008). Therefore, being
able to deliver binaural cues in a different way would be beneﬁcial, and
one option is to utilize the envelope ITD (van Deun et al., 2011; Laback
et al., 2015). Laback et al. (2011) studied the sensitivity to the envelope
ITD with normal-hearing and cochlear-implant listeners and showed that
the sensitivity could be improved by increasing the peak level and the time
interval between the peaks of the signal. Similarly, in PIII, the effect of
the envelope on direction discrimination was shown to be improved by
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prominent peaks in the envelope. Applying the lessons learned about the
envelope ITD could thus provide alternative interaural cues that would be
more accessible than ITD or ILD alone with bilateral hearing aids.
In addition to the psychoacoustical experiments, the modeling side of
this thesis in PV and PVI is applicable to studying hearing defects. The
approach of the modeling—functional models of nuclei following the ﬁndings of neurophysiological studies and brain anatomy—makes it possible
to simulate hearing defects occurring in a speciﬁc part of the auditory
pathway. However, it is acknowledged that the presented model in its current state is not a complete representation of the auditory system nor is it
necessarily accurate in all implementations. Therefore, more development
and studies are required to fully accomplish a goal as ambitious as a model
that allows for modiﬁcations that mimic possible disorders in the human
auditory pathway. Further development in the ﬁeld of auditory modeling
is already underway both in general (Blauert, 2013) and in particular on
the modeling work presented in this thesis (Altoè et al., 2014a,b).

6.2.2 Spatial sound reproduction techniques
As discussed in Sec. 4.3, parametric techniques are an effective way to
reproduce spatial sound, as the design principle behind them is that it
is not necessary to reproduce details that are not audible to the listener.
Such techniques have recently been developed and are being developed
further (Pulkki, 2007; Breebaart and Faller, 2008; Goodwin and Jot, 2008;
Berge and Barrett, 2010), and new knowledge on human hearing, such as
the psychoacoustic results in this thesis, can aid in this development.
Listening experiments on spatially distributed sound in PI and PII have
revealed that the localization accuracy is relatively poor when multiple
simultaneous auditory events are to be localized. Their results show that,
when aiming for horizontally wide auditory events, the density of the sound
sources does not need to be very high. On top of its psychoacoustical side,
the aim of the method developed in PII was to produce auditory objects
with desired spatial extents from a mono signal. The method was shown
to be successful and is useful for creating spatial audio in virtual worlds.
Furthermore, the temporally successive stimuli presented in PIV showed
that the temporal averaging in the directional parameters of spatial sound
reproduction techniques is acceptable. The temporal gaps between the
stimuli in PIV typically needed to be several hundred milliseconds in order
to prevent successive clicks from affecting the spatial perception of one
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another. The typical values of temporal averaging in reproduction are far
smaller than that.
In addition to the indirect advances through the new knowledge on spatial sound perception, the modeling work in this thesis is beneﬁcial to
the development and testing of spatial sound reproduction techniques.
Auditory modeling was shown to be relevant for the development, as the
test scenarios and their analysis presented in PVI demonstrated that a
binaural auditory model can reveal artifacts in real cases reproduced with
parametric techniques. In that work, the focus was on spatial aspects and
not on timbre or overall quality, showing clear areas for future development. Reaching the spatial accuracy of human listeners and being able
to mimic different types of listeners (experienced, naive, etc.) or personal
preferences needs further advances in modeling as well. Nevertheless,
the work presented highlights the potential beneﬁts and suggests that
auditory modeling is a viable option for the assessment of spatial sound.
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7. Concluding remarks

Spatial accuracy of auditory perception was studied in this thesis by presenting stimuli from various sound source groups on the horizontal plane.
Overall, the ﬁndings show that localization and directional discrimination of sounds is not a simple and straightforward task when sounds are
emitted from multiple directions.
Results from PI showed that small spatial details in widely distributed
sound scenarios cannot be accurately perceived. For parametric sound reproduction techniques aiming to reproduce scenarios perceptually similarly
to the original, they indicate that such details do not need to be reproduced.
On the other hand, PIII revealed that peaks in the signal envelope aid in
spatial perception, meaning that such details in the signal are important
and should be preserved. In the context of hearing-aid research, the signal
envelope could be beneﬁcial for restoring spatial cues.
The spatio-temporal resolution of hearing was found to be low in PIV,
following the concept of binaural sluggishness. When sounds are presented
from different directions one after another, the perception is affected by the
interaction of subsequent stimuli. The interval between presented stimuli
has to be from 100 ms to several hundred milliseconds for the perception
of spatial distribution to match the original sound source directions.
An interesting way to produce scenarios that can be perceived as widely
distributed was presented in PII. Mono signals with natural content were
divided into narrow frequency bands and spread in varying directions.
This resulted in a perception that was spectrally coherent while being
spatially widely distributed with no clear directional focus. When the content was spread to sound sources all around the listener in the horizontal
plane, a perceptually surrounding scenario was obtained. Furthermore,
when different distribution widths similar to those in PI were presented,
spatially widely distributed sound was perceived, albeit with a narrower
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extent than with incoherent noise. It can be thought that the inaccuracy
of spatial hearing performance can be exploited in techniques such as the
one presented in PII to produce spatial sound effectively for virtual worlds
or other applications.
Lastly, the functional model of binaural perception presented in PV was
demonstrated to be effective in assessing spatial sound reproduction techniques in PVI. Observations drawn from a binaural activity map produced
by the model matched those of human listeners both in psychoacoustic
studies on binaural hearing and in reproduced scenarios with audible
deﬁcits. Some of the ﬁndings from the presented listening experiments
have been used to adjust the model to match the human performance in
complex scenarios. This work forms a suitable basis that enables a more
robust model to be built in future studies, including all directions, motion
cues, and visual cues.
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The sound localization ability of humans is
most accurate with a single sound source in
the frontal horizontal plane. Natural
scenarios are typically more complex,
consisting of several sound sources having
narrower or broader spatial extent. This
thesis studies how humans perceive
spatially complex scenarios and how various
attributes of the sound scene contribute to
the perception. In addition to studying
human perception, a binaural auditory
model was developed to mimic human
spatial hearing performance. Overall, the
presented research demonstrates
interesting limitations of spatial auditory
perception.
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