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eksternalisaatio,
pseudoakustinen
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Chapter 1

Introduction
When we combine computer-based virtual elements with a view of the real
world we are generating an augmented reality (AR) environment. The added
elements can be images, videos, text, sounds, or other kind of virtual objects
which present extra information with the real world augmented. AR is an
important part of many applications and extensively researched nowadays.
AR is used together with applications in which virtual images are usually
attached to see-through displays that present virtual objects over the perceptible world. Another approach to AR applications are hear-through auditory
displays. These systems fuse virtual sounds with true auditory environment.
Furthermore, these virtual sounds can be placed in three-dimensional environment through spatial sound rendering. In this kind of augmented reality
audio (ARA) system virtual sounds are played through headphones or loudspeakers. More specifically, when such a system is wearable it is called a
mobile augmented reality audio (MARA) technology. Spatial sound reproductions in these systems are studied in this thesis.
The work for this thesis has been done as a part of the AAR 2015 project
in cooperation with Nokia Technologies (NT) and the Virtual Acoustic Team
of Aalto University School of Science. The project is a continuation of the
earlier KAMARA (Killer Applications for Mobile Augmented Reality Audio)
projects which are collaborations between Aalto University, Department of
Signal Processing and Acoustics (AKU), Department of Media Technology
(MT), and NT. The AAR 2015 project utilizes binaural headsets and the
ARA mixer studied and developed in earlier projects. This project investigates further what type of audio signal processing should be applied to the
sound to increase the quality and pleasantness of perceived 3D sound.
The aim of this work is to develop and compare di↵erent high-quality 3D
audio processing methods for head-tracked 3D audio in mobile augmented
reality audio applications. For comparing these methods the thesis describes
1

CHAPTER 1. INTRODUCTION

2

a test platform that is implemented to facilitate user tests. The tests are
designed to evaluate processing methods for natural-sounding virtual audio in
augmented reality environments. Consequently, the main research question
is how the externalization of di↵erent audio processing combinations may be
examined when high-quality binaural reproduction is the target.
The research question imposes some requirements for the testing platform.
The head-tracking latency should be low enough for the real-time 3D audio
processing purpose. The project definition also presented some supplemental
requirements for the test platform. First, the system must support multiple
virtual sound sources. Second, the test platform includes UI for a tablet in
order to test di↵erent processing methods with less e↵ort and outdoors in
real situations.
Based on pilot testing this thesis examines how well the designed test platform is suited for the examination of the externalization of sound sources.
The examinations are based on few pre-decided quality parameters. These
parameters define how well the used head-related transfer functions and other
kinds of algorithms produce high-quality augmented audio experiences. The
high-quality audio in the scope of this thesis requires that the listener perceives spatially accurate and pleasant sound images of virtual audio sources.
The organization of the thesis is as follows. Chapter 2 introduces background information on human spatial hearing and virtual 3D audio concepts
and definitions. Chapter 3 clarifies the restrictions of augmented reality audio technology. It also describes the used technologies. Chapter 4 presents
the audio processing methods that are implemented in the test environment.
In addition, it suggests a certain listening test procedure for the test environment. Chapter 5 specifies the implemented test platform. Chapter 6
evaluates the system based on the performed pilot tests and usability heuristics. Chapter 7 discusses the whole topic and suggests some future work.
Finally, the whole thesis is summarized in Chapter 8.

Chapter 2

Background
The basis of the human hearing system is two ears located on both sides
of the head. This gives the prerequisites for the binaural auditory sense.
The structures of the ears as well as the whole structure of the human body
assist the sense of hearing to locate sound sources in three dimensions. In
addition, all other senses may also give additional information for analysing
the location.
The three-dimensional auditory information can be generated in a virtual
manner. When the virtual binaural signal is reproduced to the ears an undesired phenomenon called ‘inside-the-head locatedness’ (IHL) can occur in a
perceived audio image [1]. This is a common problem especially when the audio is reproduced via headphones. In this case, the three-dimensional sound
localization is unsuccessful. Therefore, the main goal with three-dimensional
virtual audio is to produce a correctly spatialized audio image outside the
listener’s head. When a sound image is perceived outside the head it is said
to be externalized [1].
This chapter introduces the background of the externalization problem.
First, it explains some aspects of binaural hearing and its features. Second,
it illuminates sound localization. Third, it describes recent research in the
field of spatial audio reproduced with headphones.

2.1

Binaural Hearing

As mentioned earlier, the basis of binaural hearing is two ears. The ears
receive and conduct sound waves to the tympanic membranes. These membranes vibrate as a consequence of the sound pressure variations. The vibration is then amplified by the ossicles of the middle ears for the cochleas in the
inner ears. The cochleas decode the mechanical movements to neural signals.
3
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Two resulting signals are then interpreted as sound in the brains. [2, 3]
More closely, the binaural hearing produces di↵erent physical features to
the sound signals. These features are cues for the direction and distance perception. There are three well-known interaural cues according to Plenge’s [4]
interpretation of the literature. First, binaural signals have a di↵erence in
the time of arrival to the ears called interaural time di↵erence (ITD). Second,
they di↵er from each other by the amplitude of the signal. Plenge [4] called
this interaural mean-amplitude di↵erence. This is also referred to as the interaural level di↵erence (ILD) in other publications [5–7]. The third cue is
interaural short-term spectral di↵erence. In short, these spectral di↵erences
are caused by the reflections and di↵ractions of the torso, the head and the
pinnae of the listener [2].
All these three e↵ects depend on the direction of the sound wave. The significance of the di↵erent interaural cues changes when the frequency varies [6].
Furthermore, there are other sound localization cues besides these three interaural ones. The binaural signals are modified by the surroundings of the
listener [4]. All these features decode the spatial information of the incoming
sound for the hearing system [2]. They are all described in more detail in
the following subsections.

2.1.1

Interaural Time Di↵erence

Interaural time di↵erence occurs when sound waves reach one ear before the
other [3]. In contiguous sound signals signal phases di↵er in the ears [6].
Therefore, ITD may also be called interaural phase di↵erence (IPD) [8].
The ITD is the dominant cue in the low frequencies below 500 Hz [6]. If
the bandwidth of the signal is narrow the ITD is the main localization cue
below 1500 Hz frequencies [9]. On the contrary, when the frequency is above
1.6 kHz the ITD can not be interpreted [6]. In that case the wavelength of
the sound is smaller than the distance between the ears.
Nevertheless, Gamper [6] noted that it is still possible to perceive the ITD
if the signal is more complex. Therefore, when the signal has wide bandwidth
the ITD can be analysed in high frequencies [9]. Wightman and Kistler [10]
concluded that with the broadband stimuli the ITD is the dominant cue for
the direction over interaural level di↵erences (ILD) or spectral di↵erences.
Härmä et al. [1] showed that ITD varies linearly between di↵erent frequencies. This is also demonstrated by Huttunen et al. [11] in their simulation.
The frequency dependent variation of the ITD is computationally demanding compared with the frequency independent ITD value. However, this kind
of constant ITD model approximates ITD values sufficiently. The constant
ITD is shown to have no influence on the externalization or on the spatial
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perception of the sound in publications from the late 90’s [8, 12]. Therefore,
the frequency independent ITD value is often used [11].
Hartmann and Wittenberg [8] demonstrated that the simplified phase
spectrum has no e↵ect on the spatial perception although the constant ITD
overestimates the IPD in higher frequencies. Nonetheless, they pointed out
that the listeners were more sensitive to the ITDs where the magnitude was
too small in comparison with those where it was overly large.

2.1.2

Interaural Level Di↵erence

Interaural level di↵erence is caused by a few main phenomena. First, interaural level di↵erence arises from the acoustic shadowing e↵ect of the listener’s
head which attenuates the sound signal in the contra-lateral ear [6]. The
attenuation is e↵ective only when the wave length is smaller than the size of
the head. Otherwise, the head is acoustically transparent.
In contrast to the ITD, the ILD is a more significant interaural cue in
higher frequencies. The ILD values are also strongly frequency dependent.
The shadowing e↵ect of the head results in the increase of the ILD values in
frequencies above 1 kHz. Therefore, ILD is the dominant cue for the high
frequencies. The overall ILD magnitude decreases when the distance of the
sound source increases. However, at the same time the variations around
the mean value of the magnitudes multiply. This variation is called ILD
fluctuation. [6, 7]
Plenge [4] listed other reasons besides the di↵raction of the head. These
are the environment reflections reaching the ear canals from di↵erent directions. These features modify the spectrum of the sound signal. He states also
that the ILD is mostly responsible for the externalization e↵ect of the sound
images. The e↵ect is improved if the other non-interaural sound localization
cues, for example the changes of the head orientation, are contributing to
the perception [4].

2.1.3

Head-Related Transfer Function

The ears filter sound based on reflections and di↵ractions caused by the
torso, the head and the pinnae of the listener. It is possible to present
this phenomenon as a head-related transfer function (HRTF). The HRTF
represents sound transmission in a free field to the ear canal. In other words,
it is a transfer function from a sound source at a certain direction to the ear
canal. This angle describes the direction of the sound source. [2] This location
dependent filtering produces the frequency spectrum di↵erences and overall
spectral shapes of the sound signals between the ears [12]. The HRTF can
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be presented in a time domain as a head-related impulse response (HRIR)
function.
The preliminary study report about the HRTFs in human subjects was
presented in 1992 [2]. Since then many measurements of the HRTFs appeared
in scientific literature. Nonetheless, these measurements are not necessarily
comparable because the arrangements of the measurements di↵er. For example, used stimuli or reference points may vary between measurements.
Because the human anatomy di↵ers between individuals the HRTFs are
also individually distinct. However, accurate individual HRTFs are challenging to achieve. Huttunen et al. [11] noticed several reasons why the
measurements are difficult to perform. The task requires an anechoic room
and time-consuming measurements with head-and-torso simulators or human
subjects. The measurements su↵er also from measurement errors and noise
because of the sensitivity of the recording devices. Due to the difficulties in
the measurements, simulated HRTFs are often used instead. [11]
It is possible to separate some characteristics in HRTFs. These originate
from the e↵ect of the torso. Shoulders reflect sound if the sound source is in
the upper hemisphere of the listener. This reflection is the strongest when
the sound source is located directly above the head. [1, 13] The delay of the
shoulder reflection is about one millisecond which is two times the distance
between the ears and the shoulders divided by the speed of sound [11]. Correspondingly, the impedance of the torso a↵ects the HRTF noticeably when
the sound source is located directly below the listener [1, 11]. The torso
absorbs the signal depending on the listener’s clothing. In general, the torso
operates as a low pass filter. [11]
Monaural cues are the cues that can be perceived with only one ear.
These cues are also produces by HRTFs. For example, these kind of monaural
spectral cues a↵ect the elevation perception if sound sources are distant [6].

2.1.4

Dynamic Cues

In general, listeners and sound sources are rarely stationary in real-life situations [14, 15]. Therefore, movements may o↵er additional cues for the
localization of the sound source.
Dynamic cues are related to the translations of the head and other body
movements. These develop alterations to binaural cues [16]. Therefore, their
presence is important to increase the localization accuracy [9]. It should be
also remembered that the dynamic cues are momentous because a listener
moves his or her head and body both intentionally and unconsciously [17].
The involvement of the movements of the head in the spatial perception is
discussed from the 1940’s [16]. It has been discovered that these movements
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are in a crucial role particularly in diminishing the front-back confusion [9,
17].
Kim et al. [18] studied the usual movements of the listeners’ head in
di↵erent listening situations. Their experiment results demonstrate that the
ears are following a sloped path when the head is rotated. In this sloped
path ears are at a lower position when their side is turned more to the front.
Accordingly, ears are at a higher position when their side of the head is
turned more to the back side.
Although the listener’s movement is always present in real-life situation a
stationary sound source is perceived as a stationary object. The movement
is compensated by the sensory processing mechanism in order that the perception is more stable [15]. Brimijoin and Akeroyd [15] established that the
perceived sound source location is at least partly fixed regarding to the selfgenerated motion. Their results also verifies that listeners more accurately
processes the self-generated motion than the source-generated motion.
Commonly it is accepted that the dynamic transition cues are essential
to improve the localization estimations. Though it is still unknown how well
the listeners apply these cues for the externalization of the sound images. [16]

2.1.5

Multi-Modal Cues

Some studies suggest that the auditory localization is a top-down processing
phenomenon where the perceptual sound image is formed by the contribution
of all sensory input [19]. In this kind of model, for example, the visual input
may have a considerable impact on the perceived sound image. In addition,
former cognitive knowledge and expectations of the sound source are capable of modifying the perceived sound image [19]. Multisensory integration
improves the perception of the distinct stimulus by decreasing the variability
of the response [20].
The nervous system gathers information from di↵erent sensory modalities. This information is combined in the brain. Hence, the visual and the
auditory perception are interrelated. Combining many sources of information
improves the identification and the localization of the objects if the distinct
information corroborates the perception. [20]
For instance, the influence of the visual cues on the auditory perception
is clear in a ventriloquist e↵ect where visual stimulus biases the localization
angle of the sound source. This auditory localization angle may di↵er from
the actual incident angle over 30 degrees [14]. Therefore, it is a common
impression that vision is the primary sense dominating over hearing. Nevertheless, Calcagno et al. [20] recalled that this phenomenon may be generated
by weighting all sensory modalities.
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The lack of a visual representation of a sound source causes a situation
where auditory and visual cues provide mismatching localization information.
This kind of mismatching localization may cause problems to the externalization of the sound image [19].

2.2

Sound Localization

This section explains the perception of the sound source in a three-dimensional
space. This three-dimensional sound localization demands the presence of
multiple localization cues. The spatial perception of a single sound source
can be divided into di↵erent localization tasks. These are azimuthal localization, elevation perception and distance perception. Especially, distance
perception is an essential topic in spatial sound localization as well as in
sound externalization. If a rendered sound image lacks of perceivable distance the externalization of the image will fail [16].
The reflected energy may decrease the accuracy of the direction perception. However, the human hearing system attenuates the energy of the reverberation for later echoes in the perception. This phenomenon is called a
precedence e↵ect. The e↵ect is present also in the distance perception where
both direct and reflected sound energy are present. [9]
The e↵ectiveness of the localization of the target sound source depends
also on other masker sound sources and their qualities. The spatial sensitivity to the target source location may increase by the masker. The resolution increment is generated by the spatial di↵erences of the sound sources
which Shinn-Cunningham et al. [21] review in their examination. This spatial unmasking denotes that sound sources are separated better if they are
in di↵erent locations.
In a bottom-up model a stimulus is the reason which drives the perception
of the source location. Contrary to that is a top-down processing model
where sound source localization is a contribution of all localization cues.
Shinn-Cunningham et al. [21] suggest that spatial unmasking characteristics
are mainly based on a bottom-up perceptual model. According to them,
a top-down perception model is present only if the target and the masker
are easily mixed up. Under these conditions, a listener may concentrate on
the target signal in order that the central interference between the target
and the masker reduces. In other cases spectro-temporal di↵erences as well
as target-to-masker energy ratio (TMR) produce phenomena which enhance
the spatial resolution.
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Azimuthal Localization

The dominant role of the higher frequency ILD and the lower frequency
ITD cues were demonstrated to be responsible for the localization in the
azimuthal plane by Lord Rayleigh in 1907 [22, 23]. It is generally accepted
that ITD and ILD are the primary lateral cues [22, 23]. Moreover, this
is proven by many examinations and measurements both subjectively and
objectively [22, 24, 25].
The first objective measurements on the ITD in the azimuthal plane were
performed by Kuhn [24] in 1977. He compared the theoretical ratio of the
low-frequency ITD below 500 Hz and the high-frequency ITD above 2 kHz.
His measurements showed that the low-frequency ITD is independent and
asymptotic in the frequency domain. Therefore, localization cues are relatively constant at lower frequencies. In addition, at lower frequencies the
shadowing and the di↵raction e↵ects of the head are weak because the head
is acoustically transparent at these wavelengths [23].
The cross-over frequency between the domination of ITD and ILD is
about at 1.5 kHz [23]. Below 1.5 kHz the distance between the ears became
greater than the higher frequency wavelengths. Kuhn’s [24] measurements
also proved that azimuthal localization is poor from 1.4 to 1.6 kHz because
ITD decreases there to the minimum. At high frequencies, above 3 kHz, the
azimuthal localization again improves because of the increasing amount of
ILD [24]. Moreover, azimuthal localization is weak from 1.4 to 3 kHz [24].
According to Durlach et al. [9] minimum audible angles (MAA) in the
azimuthal plane are from one to five degrees. This is the azimuthal resolution
of the stationary binaural hearing system. In addition, MAAs are improved
by head movements and monaural processing [9].

2.2.2

Elevation Perception

The human hearing system su↵ers from a localization blur more vertically
than horizontally [26]. Therefore, the resolution of a perceived elevation
angle is lower in comparison with the azimuthal resolution. The resolution
of an elevation angle also varies as the function of the azimuth angle [9]. For
example, in the median plane the MAA is only 20 degrees for the elevation
angle [9].
The acknowledged explanation of the primary elevation cue is monaural
spectral modifications by a pinna. These pinna driven cues are present above
3 kHz [27]. A so-called pinna notch appears in the region of an octave, from
6 to 12 kHz [27]. Therefore, it is broadly accepted that the elevation perception requires a broad bandwidth for a sound source with higher frequency
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energy [22, 27]. However, even if high frequencies do not have much energy it
is possible to perceive elevated sound sources. This was noticed by Gardner
in 1973 in the examinations about the e↵ect of the torso on the perceived
sound. [27]
Avendano et al. [22] prove that audio signals without energy at above 3
kHz may also be perceived elevated. They found elevation dependent archshaped notches in the spectrum also below 700 Hz. Later Algazi et al. [27]
demonstrated that elevation cues exist at lower frequencies. These elevation
cues are originating from multipath head-di↵raction e↵ects as well as shoulder
and torso reflections [22, 27].
The ITD also varies when the elevation angle of the sound source changes
[22, 27]. This ITD variation is caused by the elliptical shape of the head [22].
However, the variation is only significant in a small spatial region [27].
Moreover, there are other monaural elevation cues besides monaural spectral changes modified by the pinnae. These are timbre and loudness which
are only present at higher frequencies [27]. In addition, Algazi et al. [27]
suggested that other body parts, such as legs and knees, may also generate
restricted elevation cues under specific circumstances.
As a summary, spectral variations at both higher and lower frequencies as
well as in both interaural and monaural cues are important for the perception
of elevation [22, 27]. Due to these multiple elevation cues, a stimulus may
lack energy at higher frequencies and still be perceived as an elevated sound
source.

2.2.3

Distance Perception

The most straightforward distance related cue is the strength of a sound [28].
The strength of a sound attenuates as it travels through the air. The attenuation is 6 decibels in a free field when the distance is doubled. In addition,
energy attenuates more at higher frequencies than at lower frequencies [28].
This low pass filtering of the air is observed to increase the perceived distance
of the sound source [29]. High passed sounds are perceived to be closer than
low passed sounds [28]. Broadband sounds remains between these two [28].
Perceived distance is generally di↵erent when comparing with an actual
source position. Nielsen [26] showed in his study that test subjects typically
overestimate the distance of the near sources and underestimate the faraway
ones.
If there is only one sound source and no reverberation, distance perception
is based on frequency dependent ITD and ILD cues [9]. In anechoic conditions
there is no relation between real and perceived distances if a sound level is
constant [26].
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If reverberation is present, there may exist additional distance cues beside
loudness. These cues are a reverberation pattern and binaural di↵erences [28–
30]. Little et al. [28] and later Albrecht and Lokki [29] added to this list the
familiarity of the sound which is an important factor, for example, to the
intensity cue. For instance, the distance of the whispered sound samples is
typically underestimated while the shouted sounds are overestimated. Both
ILD and ITD serve distance cues. These both are most significant cues when
a source is near the listener’s head. ILD varies considerably below one meter
from the head because of the shadowing e↵ect of the head. ITD in turn is
almost independent of the distance of the sources. [29]
Nielsen [26] pointed out that the strongest cue for the perception of the
distance is a ratio between direct sound and the reverberation of the room.
This also a↵ects the perceived frequency spectrum because of the frequency
dependent reverberation time. Therefore, reverberation changes the timbre
of the direct sound [23]. A general consensus is that spectral changes in a
sound signal are a possible distance cue when the frequency range of the
stimuli is broad [9, 28]. It is still speculated are these cues absolute or
relative. A relative cue can improve the systematic estimation of the distance
perception [28].
In conclusion, the sound level and the sound spectrum are regarded as
relative distance cues. For a relative cue, a sound source must be familiar or
a similar sound source must be present for comparison. Conversely, reverberation is assumed to serve an absolute distance cue [14, 28]. All these cues
are contributing to the externalization perception of a sound source [23].

2.3

Spatialized Virtual 3D Audio

When producing a three-dimensionally spatialized virtual audio image, the
production mechanism should consider all localization cues and ambiguities
which are present in real-life situations. If an audio stimulus is purely artificial, a listener is unable to utilize familiar references in the localization of
the sound source [31]. The familiarity of the source as well as the spectral
content and dynamic variations of the perceived sound all a↵ect the result
of the perceived sound image.
Moreover, localization cues are combinations of head-related and roomrelated cues [7]. The room-related cues produce the complex superpositions
of reflected sound waves [7]. Reverberation and the complexity of reflections
are present in natural sound environments. If a virtual signal is desired to
sound as natural as possible, also the complex reverberation must be taken
into account.
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Binaural Auralization

Auralization means rendering the auditory image to a specific three-dimensional location in a specific acoustical environment [32]. The resulting aural
image is played through headphones as a binaural signal. Auralization can be
achieved fully computationally with mathematical models [32]. The binaural
system observed in this thesis is a combination of measured and generalized
HRTFs and other spatial computation by mathematical models.
A common opinion is that if waveforms from real-life sound sources are
respectively reproduced via the headphones forming sound images are perceived spatially as original sources [12, 31]. This is also the case with binaural
recordings where the whole acoustical experience is tried to transmit [2]. If
a system implements such a binaural technique, it is called a binaural system [2].
A binaural recording reproduces the same audio event as it has been
present at ears in the recording moment. A binaural signal can also be fully
artificial through a binaural synthesis. A recorded or a synthesized threedimensional auditory environment is created with two audio channels. [17]
However, Hartmann and Wittenberg [8] already pointed out in 1996 that
synthesis of a localized sound image is difficult to achieve.
Signals within a binaural system might be synthetic. In this case, the
e↵ects of acoustics of the room and the used HRTFs are generated computationally [2]. Begault et al. [31] presented a few approaches to make
a binaural system. These approaches are head-tracked virtual stimuli, individualized HRTFs and realistic reverberation information. The realistic
reverberation information includes auralization techniques. Auralization is
a process in which a virtual sound is rendered in order to cause a similar
listening experience as a real-life sound source [6]. Auralization techniques
use early reflections and a realistic reverberant sound environment [31].

2.3.2

Generalized Head-Related Transfer Functions

Head-related transfer functions cause localization dependent changes in the
frequency spectrum and shape the overall all spectra of the sound [12].
HRTFs also have individual variations since the anatomic structures of pinnae, head and torso di↵er significantly between individuals. Personalized
HRTFs attempt to provide ideal sound localization information [13]. However, accurately measured HRTFs are challenging because of measurement
errors and noise [11]. Kulkarni and Colburn [12] examined how perfectly a
HRTF must be reproduced in order that localization information remains.
They concluded that HRTFs could be smoothed significantly.
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Significant simplification is possible due to the mentioned general characteristics of HRTFs, such as the major notches and peaks caused by the
reflections of the torso [1, 13]. Middlebrooks [33] examined individual differences in personal HRTFs and found that the major spectral peaks and
notches varied systematically between subjects. He concluded that by scaling the peaks and notches according to the dimensions of pinnae and head
the general HRTFs can be achieved.
Wenzel et al. [34] examined the quality of the localization with nonindividualized HRTFs regarding to both azimuth and elevation. Their results
indicate that the interaural di↵erences of such HRTFs provide sufficient directional information in the horizontal plane. However, remaining problems
are causing confusion and localization errors, such as, the front-back confusion. This type of confusion is a commonly reported feature [33, 35]. Wenzel
et al. [34] suggested that confusion errors might also be due to inexperienced
subjects or the inherent ambiguities of stimuli from a source close to the
median plane.
Most studies of non-individualized HRTFs have concentrated on distances
over one meter. One reason for that is that the anechoic HRTFs are practically constant over one meter distance. Brungart and Simpson [35] studied
non-individualized HRTFs at the distances of under one meter. Small distances cause dramatic changes in interaural di↵erence cues. Their results
show that non-individualized HRTFs were able to create sufficient distance
and direction cues. However, these cues were slightly inferior to the cues of
a real-life sound source. Brungart and Simpson also found that front-back
confusion was more common with virtual sources than with real sources. [35]
Previous studies demonstrate that a generalized HRTF may provide enough
localization information [33–35]. In addition, the large portion of front-back
confusions can be resolved as presented in the next subsection.
The final aspect of generalized HRTFs concerns the externalization of
sound images. There is a great amount of research conducted on evaluating
the spatial accuracy of the HRTFs and their applicability for externalization [19]. Wenzel et al. [34] recalled that a proper externalization requires balancing between the accuracy of localization and a di↵use sound field caused
by reverberation. The whole problem of externalization is inspected more
closely at the last subsection of this chapter.

2.3.3

Front-Back Confusion

Front-back confusion is a phenomenon where a sound source in the listener’s frontal hemifield is actually perceived in the rear hemifield, or vice
versa [15, 36]. This may happen for sources near the median plane where
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interaural di↵erences, especially ITD, are minuscules and the location of the
signal is fundamentally ambiguous [15, 36]. For the purposes of this phenomenon interaural di↵erences can be considered symmetric in frontal and
rear hemifields [36]. These areas are called the ‘cones of confusion’ [36].
The front-back confusion is reported in nearly all studies of distance perception [26]. It is often encountered in localization experiments as well [1].
The solution to eliminate the front-back confusion was suggested already
in the 1940’s [36]. According to the Wallach hypothesis, the front-back confusion can occur if a sound source is rotated around the listener twice as
much as the listener’s head is rotated in the azimuthal plane [36]. Therefore,
allowing a realistic motion of the head is the key to solving front-back ambiguities. A modern version of the experiment testing the Wallach hypothesis
was performed by Wightman and Kistler [36] in 1999 and again in 2012 by
Brimijoin and Akeroyd [37]. Both of them confirmed the hypothesis and
suggested that localization ambiguities could be resolved by dynamic cues.
In their modern experiment Brimijoin and Akeroyd [37] used an arrangement of 24 loudspeakers in a circle. Their results provide additional information about the parameters responsible for the success of the illusion.
They suggested that the self-motion cues and the spectral cues have a similar
weight in spatial processing. If a sound source contains frequencies above 4
kHz, these cues conflict with the illusory location of the source. The formed
sound image is an unstable bimodal perception flickering between the front
and the back.
Huttunen et al. [11] noted that without the movements of the head the
decision whether a source is in front of or behind the listener is unreliable.
However, the e↵ect of the listener’s torso slightly helps discriminating cues
to resolve front-back confusion [1, 13]. Nonetheless, the responses of the
magnitudes are similar with each other if an audio source is in the front of or
behind the listener. Therefore, a spectral distortion cue caused by the torso is
a weak cue that helps solving the front-back confusion [1, 13]. Head-tracking
solutions are currently the most e↵ective way to eliminate the front-back
confusion [17].

2.3.4

Externalization vs. Lateralization

When sounds are perceived to be originating from outside the head, they are
said to be externalized [1, 19]. When externalized the sound images have an
e↵ortlessly perceived direction and distance [4, 7]. One example of primarily
externalized sounds are sounds in a real-life natural environment [7].
Sound images might also be perceived intracranial. This phenomenon is
called lateralization [1, 4]. This term is coined in psychoacoustics research
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and it means that a sound image could be localized slightly to the right or
to the left but the perceived image remains inside the head [8]. This occurs
often when sounds are reproduced through headphones [7, 19]. However, intracranial localization can be achieved with external loudspeakers as well [4].
This has been demonstrated in multiple experiments [4]. Accordingly, it is
possible to achieve the externalization of a sound image with headphones
and appropriate binaural sound signals.
Early studies on spatial hearing link localization and lateralization to be
closely related [8]. Plenge [4] concluded that lateralization is plausible if one
of the following two conditions is fulfilled. First, useful information about
the sound source is not present in the listener’s short-term memory. Second,
the auditory stimulus is not related to any stimulus patterns stored longterm. Plenge also pointed out that the externalization of the sound image
has no dependency whether or not a sound signal is conducted to the ear by
headphones.
The mechanism of the externalization phenomenon has been studied for
over 50 years [19]. Researchers have discovered that HRTFs and an acoustic environment produce multiple spatial cues for binaural hearing [7]. An
exact mechanism or the most premier cue for the externalization is still unknown [7, 19]. Nevertheless, singular factors of the mechanism are found and
reported. These are early reflections, head movements and sound filtering by
HRTFs [19].
Hartmann and Wittenberg [8] considered a lateralization phenomenon
and an azimuthal localization are the same phenomenon. Thus, the externalization phenomenon became the main research issue. Scientists have examined why signals from the headphone are intracranial and natural real-life
signals extracranial. This question has been proven to be extremely difficult to answer. Earlier research also lists some peculiar and questionable
explanations for the phenomenon. For example, the overmodulation of the
nervous system and an unnatural ratio of bone conducted and air conducted
sound waves [8]. One of the more peculiar explanations is a theory of ‘push
buttons’ that sense the headphones that are placed on the ears and move the
perceived sound image into the cranium [8].
More reasonable externalization cues have also been suggested and the
phenomenon has become less mysterious through research. Hartmann and
Wittenberg [8] constrained the problem for HRTF filtering. This reduced
the mystery to a simpler question of frequency-based filtering details that
are responsible for the phenomenon. Hartmann and Wittenberg agreed that
the ‘inside-the-head locatedness’ (IHL) is a continuation of externalization.
The phenomenon is di↵erent merely by the qualitative matter of the situation
where a sound source is quite near to the head.
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Begault [31] pointed out that the externalization of sound images can be
simulated by using personalized HRTFs. He also added the movements of
the head as well as reverberation to be factors for the success of externalization. According to him relevant early reflections or attenuated and exact
copies of a direct sound are enough to externalize sound images. On the
contrary, the result on the ILD democracy over the frequencies suggests that
the externalization phenomenon functions as lateralization [8]. Hartmann
and Wittenberg [8] also concluded that interaural spectral di↵erences in a
binaural signal may dispose of an IHL. However, a sound image is poorly externalized if the right binaural spectra are missing. Similarly, Catic et al. [7]
suspected that externalization cues are e↵ective both at higher and lower
frequencies.
Summarily, the externalization phenomenon requires a binaural audio signal because a monaural signal only produces internalized sound images. More
accurate HRTFs and reverberation increase the level of the externalization.
However, increasing the level of externalization through strengthening the
reverberation may decrease directional accuracy [38]. In addition, dynamic
cues produced by the rotations of the head may enhance the externalization phenomenon [23]. Nonetheless, the importance of the head-tracking in
externalization is controversial.

2.4

Recent Research in Spatialized Audio

The research of externalization has been continuing over 50 years [19]. Scientists have found multiple factors that are in charge of the externalization of
sound images. However, the knowledge of an exact mechanism and a premier
cue behind the externalization phenomenon is still missing [7, 19]. Nonetheless, earlier studies confirm many characteristics of externalization which can
be exploited in the processing of spatialized audio.
This section summarizes the main achievements in the research of the spatialized audio in recent years. These di↵erent aspects of the spatial auditory
systems may also be regarded as the quality parameters of these systems.
The important quality parameters of a virtual binaural auditory system contain, for instance, the accuracy of the localization, the stability of the virtual
sound source, as well as the e↵ectiveness of the externalization [23].

2.4.1

Perception of Distance

It is a generally accepted fact that vision a↵ects the localization of a sound
source. Calcagno et al. [20] experimented the e↵ect of a visual stimulus on
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distance perception in 2012. In their experiments, visual cues were either
present or absent. The results indicate that the presence of a visual information as well as the former information of the environment improve the
distance perception. They discussed that a multisensory interaction is important to improve the perception of multiple stimuli and to reduce variability
between these stimuli.
The first experiments of distance perception were performed under anechoic circumstances. This was generally the trend in the early experiments
of the localization of sound sources. Later it is widely demonstrated the fact
that reverberation improves the accuracy of the distance perception [7].
A direct-to-reverberant ratio (D/R) is commonly thought as a primary
cue for distance. This cue and its byproducts are only present in reverberant environments. These byproducts are, for example, the length of the
reverberant tails, an interaural coherence and the spectral envelope of the
sound. [7]
Albrecht and Lokki [29] studied how perception can be modified by the
temporal envelopes of room impulse responses in 2013. Their results show
that the perceived distance is more e↵ective to adjust by modifying an earlyto-late energy ratio instead of D/R. Albrecht and Lokki defined that the
early energy contains the first 50-100 milliseconds from the impulse response
of the sound signal. Their new approach to modify a binaural room impulse response (BRIR) correlated better with distance perceptions than the
previous D/R model. [29]

2.4.2

Externalization

One of the most recent studies by Catic et al. [7] has given more information about the externalization phenomenon. Their hypothesis says that
head-related as well as room-related ILDs are the main reason to cause the
externalization of a sound image. On the contrary, Hartmann’s et al. [8]
results about the ILD democracy over the frequencies suggest that ILD cues
are predominant when a signal contains high and mid frequencies. This ILD
fluctuation is not in a significant role if a signal is low pass filtered with the
cuto↵ frequency of 1 kHz. In addition, measured narrower ILD distributions
were perceived to be closer than wider distributions.
Inasmuch as the externalization phenomenon is a complex mechanism, the
test conditions of the externalization experiments have been varying considerably. Catic et al. [7] suspected that results di↵er because test conditions are
di↵erent. Hartmann and Wittenberg [8] used an anechoic chamber, di↵erent stimuli and di↵erent methods for ILD modifications. Comparably, Catic
et al. [7] used a listening room and speech samples.
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Catic et al. [7] filtered speech signals and examined that relatively narrow
bandwidth signals are relatively easy to be externalized. However, speech signals have a large dynamic range which may cause the externalization of even
narrower filtered samples. More research is needed if the externalization of
a sound source is able to be achieved with a stimulus containing naturally
narrow bandwidth. Catic’s et al. study lefts open the question how other perceptible attributes influence on the externalization of a sound image. These
are, for example, timbre and an apparent width of a sound source. [7]
Recently, Catic et al. [39] examined the externalization of the speech signals related to monaural and binaural cues in a reverberant environment.
Their experiment demonstrated that monaural cues are sufficient to externalize the speech in laterally located sources. Contrary, frontal sources need
increased amount of binaural cues to produce well externalized sound images.
Their study shows that the interaction between a direct and a reverberant
sound has a strong impact on the externalization of sound images. [39]
Brimijoin et al. [16] proofed that small head movements are unnecessary
for a successful externalization of a sound image. This is contrary to Minnaar’s et al. [17] suggestion that the head movement is an important factor
of the externalization phenomenon. In Brimijoin’s et al. experiments sound
sources which are moving related to the head are internalized when they
are near the median plane in the listener’s frontal hemisphere. Brimijoin’s et
al. [16] second experiment demonstrates that the externalization phenomenon
may occur even if BRIR is deteriorated as long as the movements of the head
are present.

Chapter 3

Augmented Reality Audio
Augmented reality audio (ARA) is a concept where a real-life audio environment is expanded with virtual audio events. This augmentation can
be achieved using wearable audio equipment, for example, cell phones or
portable music players. ARA o↵ers also a new way to provide information as
spatialized audio events. This kind of virtual audio is perfectly augmented
if the listener is unable to determine whether the sound is part of a real or a
virtual audio environment [1]. In this case, the virtual audio image is fluently
blending into the real-life sound environment.
The main challenge in ARA systems is the production of ‘outside-the-head
located’ and well spatialized audio images [1]. In the headphone auralization
virtual sound images are often incorrectly localized. The most severe problem
in a headphone ARA system is the ‘inside-the-head locatedness’ (IHL) of the
perceived audio image [1]. This undesirable feature should be avoided by
improving the externalization of the audio images.
An ARA environment is far away from the ideal system. For example,
measurement noise, leakages in the headset, and all listener’s little movements are causing variations in the transfer functions [1]. These variations
are mainly unknown or can only be roughly approximated [1].
This chapter describes the limits and the problems in ARA systems. The
first section illuminates the concept of a pseudo-acoustic environment. The
second section deepens the knowledge of the acoustics of the ear canals when
these are blocked with the earpieces of a headphone. The third and last
section illuminates the components of the ARA headset.
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Pseudo-acoustic Environment

Augmented reality audio systems may be implemented using di↵erent approaches. The augmentation aspect presumes that the original surrounding
sound environment is still audible. On top of this original sound environment, the virtual sound images are rendered. These virtual sound images
require at least a pair of loudspeakers to produce a binaural audio signal.
In mobile applications loudspeakers need to be small enough in order
that they are portable. In this case, a headphone is an ideal device to reproduce virtual sound images. However, closed headphones isolate the original
sound environment. These isolating headphones create the need for binaural
microphones.
Binaural microphones should be attached near to the openings of the
ear canals, for example, to a headphone. These microphones record the
surrounding auditory environment which is then repeated to the headphone
with a latency as small as possible. This reproduction is slightly di↵erent
for open headphones where an original sound environment is heard as such.
Härmä et al. [1] calls such a system as a pseudo-acoustic environment. The
reproduced sound environment is a straight copy of the original sound environment in the ideal case.
This pseudo-acoustic environment provides new possibilities for various
audio e↵ects. According to Tikander et al. [40] these e↵ects includes, among
others, speech enhancement, noise cancellation, or hearing protection. In
addition, the hearing aid functionalities may be improved through a pseudoacoustic solution [40].

3.2

Blocked Ear Canal Acoustics

Sound propagates through the ear to the eardrum as plane waves. Most of
these waves reflect backwards from the eardrum and correspondingly again
from the open end of the ear canal [41]. Therefore, the human ear canal is
analogous to a half-open tube resonator [41, 42]. The length of the ear canal
influences standing waves in the ear canal [41, 42]. An average length of the
human ear canal is 25 millimetres with an average diameter of 7 millimetres [42].
The wavelength of the first resonant frequency is the quarter length of
a half-open tube [42]. The e↵ective length of the ear canal is more than its
physical length because the funnel-shaped structure of the concha [41]. The
wavelengths of the resonance frequencies and their neighbouring wavelengths
are responsible for peaks in the heard sound spectrum [42]. The approximate
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first resonance frequency is 2.7 kHz where the signal strengthens about 15
decibels [42]. In a half-open tube resonator, standing waves occur at frequencies according to the next formula, where L is the e↵ective length, n is the
positive odd number, and c is the speed of sound.
nc
(3.1)
4L
When an earplug of a headphone is placed in the ear, the acoustics of the
ear canal changes. An analogue to this situation is a closed tube resonator [41,
42]. Through this shift the resonance frequencies of the ear canal changes [41].
The wavelength of the main resonance frequency is now half of the length of
the ear canal which is significantly higher than in a half-closed tube [41, 42].
The main resonance frequency is now approximately 5.5 kHz [42]. In a closed
tube resonator, the resonance frequencies appear according to the formula
below, where L is the length of the canal, n is the positive number and c is
the speed of sound.
f (n) =

nc
(3.2)
2L
Lokki and Huhtakallio [41] examined the resonance frequencies of the
clogged and unclogged ear with an ear simulator. This simulator mimics the
acoustics of the human ear. In the open ear measurements there are usually
two clear peaks in the impulse response [41]. The first peak occurs when the
direct sound reaches the simulated eardrum. The second peak occurs when
the first open end reflection reaches the simulated read drum. However, when
the simulated ear canal is unplugged there are multiple significant peaks from
reflections [41]. These frequency peaks occur approximately at 1/4 , 3/4 ,
and 5/4 , where is the wavelength [41]. Correspondingly, the plugged ear
measurements show clear peaks at 1/2 and 1/1 [41]. The measurements
correlate with the previously presented theory about the ear acoustics.
These characteristics must be taken into account when an AR headphone
is designed. The resonance frequencies of an open ear canal need to be
amplified as well as the resonance frequencies of a plugged ear canal need to
be attenuated. Otherwise, the perceived sound in the headphone is coloured
and unnatural.
f (n) =

3.2.1

Occlusion E↵ect

For example, our own voice produces bone and tissue conducting sounds
through our head. However, when our ear canals are open a major amount of
this energy radiates outwards from the open ends of our ear canals. Therefore,
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the sound waves from our speech reach our eardrums predominantly through
the air conduction path. Nonetheless, when the ear canals are blocked the
acoustic impedance to the eardrum is higher due to bone and tissue conduction. In this case the walls of the ear canals are directly connected to the
blocked cavities. This phenomenon is called occlusion e↵ect. [42]
The occlusion e↵ect is based on that the ear canals function as pressure
chambers. The vibration of the walls causes higher sound pressure levels
(SPL) when comparing with the open ear case. These vibrations are also
transmitted to the eardrums. Therefore, the bone and tissue conduction
path is dominant in frequencies under 1 kHz. The resulting perception of
our voice is thus unnatural and booming which can be irritating. [42]
Tikander et al. [40] reported that when using the ARA headset the users
perceived their own speech as booming and hollow. This is especially problematic in situations where a user must speak or eat something [40]. The
discomfort of this problem may be eased by the active control of the occlusion e↵ect [42]. One example of this is a prototype which uses an active
electronic earplug from a hearing protection device by Bernier and Voix [42].

3.2.2

Isolation E↵ect

When a headphone is placed over the ears, it is e↵ectively isolating the surrounding sound environment from the sounds reproduced by a headphone.
This isolation e↵ect is a sum of many factors. The headphone causes a perceptual change or a feeling of being isolated from the surroundings [42].
The isolation e↵ect is driven by acoustic and psychoacoustic factors.
Bernier and Voix [42] listed four reasons for the isolation e↵ect in the case
of earplugs. First, the earplugs are attenuating more at higher frequencies
than lower frequencies. Second, the occlusion e↵ect causes that the natural
main resonance of the ear canal to shift upwards. Third, the earplugs may
attenuate the sound excessively. Fourth, the perception of nonlinear loudness
causes a uniform attenuation which is not perceived uniform in the frequency
domain.
This phenomenon is also present in an ARA headphone because it isolates
the listener from the real surrounding audio environment. If a produced
pseudo-acoustic environment is not natural, the whole ARA environment
may sound disconnected from the real surroundings.

3.2.3

Leakage

A leakage between the cushions of the headphone and the skin is always
present. Especially, lower frequencies may e↵ectively leak to the ear canal
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from the surroundings [40]. A leaking sound and a reproduced sound of the
headphone are summed together in the ear canal [43].
When the delay of the reproduced pseudo-acoustic environment is overly
large, its combination with a non-delayed leaking sound causes a comb filtering e↵ect. This e↵ect causes irritating colouration to the perceived sound.
Therefore, the fast processing of the pseudo-acoustic environment is important. [40, 43]
Härmä et al. [1] mentioned two approaches to decrease this kind of leakage. The first approach concentrates on designing properly fitting microphoneearphone elements in order to decrease the leakage [1]. The other approach
strengthens the pseudo-acoustic sound level to mask the leakage [1].

3.3

Augmented Reality Audio Headset

This section explains the functionalities of the di↵erent parts of the augmented reality audio headset. In the scope of this thesis an ARA headset
contains a headphone, an ARA mixer and a head-tracker.
The augmented reality audio headset forms the acoustic front-end for a
mobile augmented reality audio (MARA) application [1]. In the ideal situation, this ARA headset is acoustically transparent. This transparency means
that the pseudo-acoustic environment is similar to the original surrounding
sound environment without the headset. [40]
The essential point of the ARA headset is to combine the natural sound
environment with the artificially created sounds. This is possible with the
binaural microphones, the ARA mixer and the headphones. The microphones
record the natural sound environment which is reproduced through the ARA
mixer to the ears via the headphones. [40] In order that the orientation of
the listener can be taken into account the headset also needs to contain some
kind of head-tracking apparatus.

3.3.1

Headphones

Since headphone-based sound rendering is an essential choice for MARA
systems the features of the selected headphone model is in an important
role. The produced sound signals need to be as natural as possible to achieve
plausible immersion [23]. A reliable spatial virtual audio image requires
natural binaural cues.
The model of the headphone a↵ects its capabilities to produce natural
sound signals. Di↵erent headphone models need equalizations of a di↵erent
kind in order to reproduce sound signals that correspond to sounds heard with
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open ears. Vorländer [44] examined the acoustic load of headphone models
of the di↵erent kind. The acoustic load is the di↵erence of the acoustic
impedance at the eardrum when comparing the open-ear case with the headphone case. His results indicate that in an open, a semi-open and a closed
circumaural headphone the acoustic load is around 2 kHz [44]. This di↵ers
from the insertable earphones where the occlusion e↵ect is the strongest.
Tikander [43] listed di↵erent parameters for the quality of a sound in an
ARA headphone. He pointed out that the reproduction of bass frequencies requires a desirable fit of earpieces. He also recalled that binaural microphones
compose their own restrictions for what is reproducible from the surrounding sound environment. His main point is that the better sound quality is
achievable with the right magnitude equalization which may be improved
with individualized equalization curves. [43]
The most popular model for an ARA headphone is the small insertable
earphones [1, 40]. This model enables attaching binaural microphones near
to the openings of the ear canals. Hence, it is possible to record all spatial
information from the surrounding sound environment [43]. In addition, the
transferred signal to the ear canal is more controllable because of the strong
occlusion e↵ect.
An insertable headphone attenuates mid frequencies when higher frequencies are more perceptible. In addition, lower frequencies are amplified because
of the leakages. These phenomena colour the perceived sound signal and need
to be equalized. In addition, equalization is also needed when a missing quarter resonance wave is created as well as a half resonance wave of the closed
tube is dampened. [40]

3.3.2

Augmented Reality Audio Mixer

The combinations of pseudo-acoustic and artificial sound events are performed with an apparatus called an augmented reality audio mixer [1]. Through
this ARA mixer is also possible to adjust the sound levels of the pseudoacoustic and the virtual sound events.
Consequently, the main function of the ARA mixer is to combine the
natural sound environment to the virtual sounds. In order this to be possible
the target is to find the best rules for local and virtual sound environments [1].
The result may be desired to be meaningful and as natural as possible.
Because the latency in the pseudo-acoustic environment reproduction
must be as low as possible the equalization of the binaural microphones
is better to implement with an analogy approach [45]. With this approach
it is also possible to diminish the comb filtering e↵ect of the leakage [45].
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Head-Tracking Technology

An head-tracking technology monitors the motions of a listener’s head. Tikander recalled that the real-time head-tracking is challenging for hardware and
software solutions [45]. Nevertheless, head-tracking is an important feature
of an ARA headset which discriminates front-back confusion especially when
generalized HRTFs are used [23].
The simplest head-tracking technology only monitors the orientation of
the listener’s head. With this kind of technology a sound image is able to be
kept stable related to the orientation of the head. This orientation tracking is
possible with gyroscopes. It should be remembered that this kind of tracking
does not capture the other movements of the head. However, the orientation
tracking is the manner of an approach to a head-tracking solution in the
scope of this thesis.
The recent research by Faller et al. [46] introduces two economic headtracking solutions. First, when there is no need for an absolute location for
a virtual sound image a small gyrometer can track the fluctuation of the
head. Their second and even more economic technique creates the small
random pseudo movements of the head without a gyroscope. Their results
demonstrates that these both techniques improve the perceived spaciousness
of the sound image and discriminate front-back confusion.

Chapter 4

Methods
As the previous chapters have presented the headphone externalization with
adequate spatial accuracy is a complex problem. In addition, the demand
for real-time audio processing increases the requirements of the latency for
the designed test platform. All contributing variables must carefully be considered when seeking high-quality head-tracked 3D processing methods.
The purpose of this chapter is to introduce all the methods that are
needed to construct the sound processing abilities for the test platform in
the scope of this thesis. The main focus is to define usable real-time 3D
processing techniques and adjustable parameters when experimenting with
di↵erent audio processing methods in the designed test platform. By means
of the chosen audio processing methods it is able to demonstrate the functionalities of the designed test platform.
This chapter is divided into the following sections. The first section illuminates the components of the designed structural binaural system. The second
section presents solutions for the problems of the performance which arises
from a designed multiple sound source model. The third section introduces
the components of an ARA headset needed in the designed test platform.
The fourth section more closely discusses the challenge of the evaluating of
externalized sound images. Moreover, it presents an approach to perform
this kind of evaluation. The last section models the two di↵erent listening
test procedures by which the designed test platform may be evaluated.

4.1

Binaural System

The examination of the externalization phenomenon can be approached through
a binaural system which models characteristics of a binaural hearing. This examination needs to be somehow easily adjustable. Therefore, a designed test
26
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platform must include controllable parameters and audio processing paths.
The performance of the solution is also essential because the end-use for
successful audio processing methods is mobile applications.
The designed binaural system contains di↵erent components which are in
the focus of this section. Their purpose as distinct units is to increase the
adjustability of the binaural processing.

4.1.1

Structural Binaural Filtering Model

In the scope of this thesis, a structural binaural filtering model indicates
that the original dry monaural signal is conducted through di↵erent filters.
These filters mimic distinct filtering e↵ects caused by, for example, a head
and pinnae in a HRTF filtering. These kind of separated filters increase
the adjustability of an audio processing path. This approach resembles the
structural HRTF model of Avendano et al. [22]. Their model contains three
di↵erent sound propagation paths including a direct sound, front torso reflections and back torso reflections.
A perfectly functioning structural filtering model must contain all natural sound propagation paths and filtering as Avendano et al. noted in their
report [22]. However, some shortcuts and generalizations are inevitable in
our design because the target is to develop real-time audio processing methods. Therefore, a focus should be directed to the most necessary parts of
the spatial audio processing which are most probably responsible for the
externalization phenomenon.
The designed spatial processing model contains basic HRTF filtering. Its
contra-lateral and ipsi-lateral filters are modelled as finite impulse response
(FIR) filters. Their purpose is to mimic the spectral filtering of HRTFs. An
ITD is a separate delay bu↵er. This separate ITD processing is achieved
through minimum phase HRTFs. Their features as well as their adequacy of
the selected HRTF model are discussed in more detail in the next subsection.
The designed HRTF model mimics only anechoic spatial sound processing. In order to produce a more successful externalization phenomenon a
reverberation model is required [38]. Therefore, the reverberation also needs
to be modelled in the designed audio processing. In our solution, the decorrelation system resembles the reverberation. In addition, there is an option
to create echo sound sources with a simply delayed input signal playback of
an original direct sound source. With these separate echoes, for instance,
early reflections can be modelled. Few early reflections may be sufficient for
creating externalized sound images according to Begault et al. [31].
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Minimum Phase Head-Related Transfer Functions

Head-related transfer functions are generalized in the designed test platform.
These kind of HRTFs defines the transformation functions as general approximations from individual HRTF values. The generalized HRTFs are able to
provide enough localization information [33–35]. The azimuthal resolution
is one degree and the elevation resolution five degrees. This distribution is
consistent with the fact that the azimuthal localization is more accurate than
the elevation localization.
Kulkarni and Colburn [12] transformed HRTFs to minimum-phase responses and thus separated ITDs from it. As follows, they were able to
smooth the HRTFs and examine their impact on the externalization phenomenon. The surprising result was that the extremely smoothed HRTFs
could still externalize a sound image. However, Kulkarni and Colburn used
individualized HRTFs as a baseline. Regardless, our HRTF design resembles
with the minimum phase HRTFs and separated ITD calculations approaches
of Kulkarni and Colburn [12] and Kulkarni et al. [47].
According to Kulkarni and Colburn [47] later examination of minimum
phase HRTFs with separated ITD calculation this is an acceptable approximation. They concluded that if a low-frequency ITD is appropriate enough
the listeners were insensitive to the phase spectrum of the HRTF [47]. The
other important feature of the minimum phased HRTFs is that this approach
enables the shorter FIR filters for our HRTF solution. This quality of the
FIRs is essential as we are constructing time-based filtering for a solution of
spatial audio processing.
In conclusion, minimum phase HRTFs o↵er more controllability with separate ITD calculation. It also ensures that the time-based HRTF processing
is as efficient as possible. Therefore, this approach is suitable for the designed
spatial audio processing method.

4.1.3

Interaural Time Di↵erence Bu↵er

The separate interaural time di↵erence bu↵er where an ITD value is constant
over all frequencies is computationally light. This kind of constant ITD has
no influence on the externalization of sound images as it is demonstrated in
studies [8, 12]. It overestimates the IPD at higher frequencies [8]. However,
the successful externalization of a sound image demands a sufficient large
IPD value [8]. Hence, the overestimation of an IPD value is more adequate
than an excessively small di↵erence [8].
In addition, a constant ITD bu↵er brings more control to the designed
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audio processing. This kind of bu↵er provides for changing the head radius
of a modelled head without other alterations to the HRTF filtering. Durlach
et al. [9] demonstrated that by increasing ITD values the directional resolution may improve. Moreover, the increment of the value of the e↵ective head
radius may enhance the externalization e↵ect if a listener’s head is larger
than the original modelled head.
The actual delay of the ITD bu↵er is calculated with a simple formula in
our implementation. This formula uses a source position, an orientation of a
listener’s head, as well as a defined value of a head radius as its parameters.
First, the distances from a sound source to the contra-lateral and the ipsilateral ear is calculated. Then, the di↵erence between these distances is
transformed to the actual delay as the number of delayed samples based on
an used sample rate. Consequently, if the first part of the calculation is fed
with the modified value of the head radius the actual delay of the ITD bu↵er
is altered.

4.1.4

Decorrelation System

When sound sources are further than one meter away from the listener’s head,
a D/R energy ratio is a dominant cue for the perception of the distance [7].
Therefore, it is important to model the reverberation of the environment. In
this thesis, the reverberation is designed as a decorrelation system.
A reverberation system a↵ects ILD values of a binaural signal. Catic
et al. [39] demonstrated that early reflections from the first 80 milliseconds
of the signal are crucial for a successful externalization of a sound image.
They also noted that only one early reflection may significantly increase the
dynamic variations of the perceived sound signal. In addition, the binaural
cues of reverberation are important for externalizing a sound image when
other binaural cues are weak [39]. This is especially the situation with frontal
sound sources [39].
Catic et al. [39] showed that short-term interaural correlation and ILD
metrics are correlating with externalization rates. These rates vary when
a frequency changes according to HRTFs. These frequency dependent cues
contribute di↵erently when an externalized perception of a sound image is
determined[39].
The designed decorrelation system is based on a decorrelation method
described by Laitinen [48]. According to Laitinen this method accomplishes
decorrelation in a psycho-acoustical sense. The decorrelation mimics a di↵use
sound field which is induced by reverberation [48]. The decorrelation filters
are achieved by giving random delays to a set of frequency bands [48]. When
these random delays in di↵erent frequency bands are combined, the result
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is possible to be presented as a set of FIR coefficients [48]. One set of FIR
coefficients of this kind are used in the processing of one decorrelator.
In our design, the maximum number of decorrelators is 12. FIR coefficients for these decorrelators are generated beforehand using Matlab.
After the creation of FIR coefficients, the actual filtering of a decorrelator
may be executed. This filtering comprises one audio processing path in the
designed test platform. The filtering of one decorrelator can be divided into
two steps. The first step is the actual decorrelation with a FIR filter. The
second step is the spatial filtering of the decorrelator. This spatial filtering
uses the same principle as the spatial filtering of an original direct sound
source.
These FIR filters in decorrelators need to be long enough to produce
a pleasant signal [48]. An overly short FIR filter would cause disturbing
colouration at higher frequencies [48]. The length of the FIR filters can
be varied in the designed test platform in order to test the e↵ect of these
variations.

4.2

Multiple Sound Source Environment

The main demand for an audio environment in our design is that it should
support multiple sound sources. In our audio environment design echoes
and decorrelators are modelled as distinct sound sources. This kind of audio
environment for multiple sound sources is constructed based on the spatial
processing implementation of a single sound source. Apparently, this raises
the requirements for the performance of the audio processing compared with
the single source implementation. Furthermore, when a latency should be as
low as possible the used processing algorithms need to be chosen deliberately.
The basis implementation with one audio source uses time-based filtering.
The original thought was that all audio processing would be time-based.
However, the designed decorrelation system requires longer FIR filters whose
processing would be overly slow when using time-based filtering. Therefore,
to decrease the computational demand a frequency domain convolution via
the discrete Fourier transformation is included in the implementation of the
decorrelator FIRs. In addition, the performance of the processing of the
decorrelation system will be improved with an overlap-add method.

4.2.1

Processing Requirements

The main target for developed audio processing methods is their suitability
for a real-time spatial audio processing. This kind of real-time processing
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requires low latency. Savioja et al. [49] specified that the update latency for
real-time spatial processing should be 100 milliseconds at maximum. Then
the delay is adequate enough in order to produce non-disturbing dragging
when positions or orientations are changed [49].
However, the dragging in the rotations of the head should be unnoticeable
in order that the processing method may be considered meeting a desired
high-quality standard. Therefore, the desired latency should be lower than
the mentioned 100 milliseconds. The new target latency is decided to be 50
milliseconds.
The other enhancement for audio processing would be concurrency in the
processing. Especially, when our test platform should support multiple sound
sources concurrency might be a requisite. However, it should be considered if
this concurrency is worth the extra work of which its implementation would
cause. In the end, the designed implementations of di↵erent audio processing
methods are attempted to keep simple and computationally fast as possible.

4.2.2

The Fastest Fourier Transformation in the West

The prototype testing of the decorrelation system with a time domain FIR filtering demonstrated that the time-based approach is overly slow with longer
FIR filters. However, these longer FIR filters are a prerequisite for the designed decorrelator system. Therefore, a purely time-based filtering for all
audio processing is inadequate because of real-time processing requirements.
Hence, our designed audio processing requires a Fast Fourier transformation.
The Fast Fourier transformation (FFT) is one of the commonly used algorithms in engineering and science systems. FFT computes the discrete
Fourier transform which is the linear transform of the periodically sampled
n points to n points presentation of the frequency spectrum. FFT implementations are based on the The Cooley-Tukey algorithm. The algorithm
reduces the FFT complexity from O(n2 ) to O(n log n). [50]
Naturally, there is a wide range of FFT implementations both open source
and commercial. According to Nikolić et al. [50] The Fastest Fourier Transformation in the West (FFTW) is an open source implementation of the FFT
and widely used because its performance is comparable to commercial FFT
libraries. In addition, the FFTW library is properly documented. Consequently, it is the convenient solution to calculate FFT and inverse FFT in
the designed audio processing implementation.
Frigo and Johnson [51] developed the first version of the FFTW library
in 1997. The library is implemented as a portable C code package which
implements the Cooley-Tukey algorithm. According to the documentation,
this implementation improves the performance with three key ideas. Firstly,
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the calculations of the transformation are implemented with highly optimized
C code blocks. These blocks are called codelets. Secondly, the process of
analysing, called a ‘planner’, searches the efficient codelets during run-time
for a current platform before an actual calculation. Therefore, the FFTW
library is efficient on many platforms. Thirdly, the codelets are constructed
in Caml Light dialect which generates long, well optimized and unreadable
machine code. [51, 52]
The new design of the FFTW library, called FFTW3, has a new algorithm
for real-data DFT with machine specific SIMD instructions [52]. Other FFT
implementations also exist and these might be slightly more efficient. For
example, The Fastest Fourier Transformation in the South (FFTS) or The
Fastest Fourier Transformation in the East (FFTE). However, according to
Blake’s et al. [53] comparisons the improvement of the efficiency would only
be relatively minor in a single threaded processing implementation. In turn,
Nikolić et al. [50] concluded that the FFTE would be faster than FFTW but
FFTW is more scalable. Therefore, FFTW3 is decided to be our solution to
calculate FFTs and inverse FFTs in the implementation.

4.2.3

Overlap-Add Method

FFTs of the FIR filters in decorrelators may be executed before real-time
audio processing but a FFT of a current signal block as well as an inverse
FFT of a convolved resulting block must be executed in real-time audio
processing. In addition, a current signal block must be padded with zeros to
the same length as the sum of the FIR filter length and the current block.
However, FFT is a much slower process when the length of a signal block
increases. For solving this problem an overlap-add method (OLA) is needed.
An overlap-add algorithm is depicted in Figure 4.1. This algorithm divides an input sequence x(t) into v non-overlapping and contiguous blocks
xk (t) where k is from 0 to v and the length of one block is L [54, 55]. We now
assume that h(t) is a finite impulse response whereby we want to convolve
an input signal. The result block yk (t) is generated by multiplying the FFT
of xk (t) with the FFT of h(t) and then calculating the inverse FFT of this
product block. If the length of h(t) is M then the length of the result block
is L + M 1 caused by a linear convolution. An overlapping M 1 sequence
is then added at the beginning of the next yk (t) block. This is continued to
the end of an input signal. [55]
In our design a FIR filter of a decorrelator is divided into non-overlapping
segments whose length is referred to L in the presented algorithm. Therefore,
x(t) is now referred to the whole FIR filter and xk (t) to FIR segments. A
current signal block is then h(t). Their linear convolution produces result
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Figure 4.1: A depiction of the overlap-add algorithm where x(t) is an input
signal, L represents non-overlapping blocks, yk (t) are result blocks and M is
the length of a finite impulse response we want to convolve with an input
signal. (Image author: Bob K (image derived from Paolo Serena’s version).
Released in the public domain)

blocks yk (t). The actual product block zk (t) is generated with a sum formula
below where each convolution produces di↵erent yk (t).
zk (t) =

k
X
n=0

xk ⇤ h 0

k

(4.1)

In brief, OLA enables dividing a long FIR filter into smaller segments
when needed and FFT operations become faster. Then, FFTs and inverse
FFTs need to be calculated only for a block which length is the sum of the
length of a current block and the length of one FIR segment. The current
block is then convolved with all FIR segments and resulting blocks are combined as in the formula above.

4.3

Headset Options

In the scope of this thesis an ARA headset contains a headphone, a headtracker and binaural microphones. The last component also requires an ARA
mixer to create a pseudo-acoustic environment.
As the previous chapters have presented, a head-tracker is needed for
solving the front-back confusion problem [23]. This is particularly necessary
because our design uses generalized HRTFs. In Chapter 3, we also defined
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that a head-tracker should only track the orientation of the head. These
requirements for a head-tracker should be sufficient and simple enough for
the designed test platform implementation.
The crucial part of the headset is the model of a headphone. Insert earphones are the essential choice for the designed ARA system. This is also the
most popular choice for an ARA headphone in many studies [1, 40]. Within
this project, a prototype ARA headphones with insertable earphones and
binaural microphones is used as one option for the headphone models. This
prototype headphone also contains an ARA mixer. Therefore, this headphone
model is an optimal choice for the designed test platform implementation.
However, in the scope of this thesis another model of headphones is also
used. This model is a circumaural headphone (Sennheiser HD-595) which
is convenient in the development process. This kind of headphone lacks the
possibility to create a pseudo-acoustic environment. Nonetheless, their ease
of use is an advantage to our software development and are on that account
selected as one option for a headphone.
The result is then two di↵erent headsets with same kind of head-tracker.
The same headsets are suggested to be used in the listening tests with the
designed test platform. Although the scope of this thesis is augmented reality,
a pure virtual reality headset may o↵er additional information about the
utility of developed audio processing methods.

4.4

Externalization Evaluation

The main issue of the evaluation of the externalization phenomenon is that
the success of this phenomenon is based on subjective perception. Therefore,
there are no easily quantifiable parameters to define the level of the externalization. A constant test environment is the key factor in these kind of
subjective evaluations. Through constant test conditions, evaluations provide reliable results for a utility of a specific audio processing method among
various test subjects.
In this thesis, the constant test environment is provided by the implementation of the designed test platform. This test platform allows varying
di↵erent parameters of audio processing methods. Moreover, the designed
test platform instantiates the frame where di↵erent parameter sets as well as
entirely di↵erent processing methods can be evaluated respectively.
Hartmann and Wittenberg [8] introduced the evaluation scale of four
ranks. This scale represents the assertiveness of the externalization phenomenon. The poorest point presents that a perceived sound image appears
inside the listener’s head. The highest point relates to a sound image which is
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well externalized with an adequate location. The remaining two intermediate
values present sound images which are externalized partly successful. The
lower one of these intermediate values presents a sound image which is not
well externalized. The higher one, in turn, presents an externalized sound
image whose direction is difficult to perceive. Catic et al. [7] used a similar
scale in their externalization examinations.
Other scales for evaluating the externalization in the literature resemble this described four point scale. Kawaura et al. [56] and more recently
Udesen et al. [19] utilized the scale with five di↵erent values. Kawaura’s et
al. extra value took into account a possibility that a perceived sound image
is further away than the simulated distance of 1.5 meters. In turn, Udesen
et al. [19] evaluated the externalization of sound images when a visual reference input was also present. Their scale compares a perception with the
reference speaker. In their study, the maximum value was “at the position
of the speaker” and the minimum value “center of head” [19].
The suggested externalization measurement scale is constructed according to the evaluation scale of Hartmann and Wittenberg [8]. This suggested
scale is presented in Figure 4.2. This approach is most convenient for our
evaluation purposes. In addition, when the focus of the evaluation is in the
success of the externalization phenomenon without the exact visual localization tasks the four point scale is the most descriptive.

Figure 4.2: A suggested scale to measure the externalization rate of the
perceived sound image. (After Hartmann and Wittenberg [8].)
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Listening Test

This section specifies the procedures of a suggested listening test which are
also used in pilot testing. The test takes about 30 minutes per each participant. This includes a background survey, the needed guidance and the
actual listening test in two parts. The first test part compares the e↵ect
of di↵erent head radius parameters. The second test part concentrates on
evaluating di↵erent processing methods and their ability to externalize the
virtual sound source.

4.5.1

Test Part 1: Head Radius

The first part of the test compares the e↵ect of di↵erent head radius parameters. Three pre-chosen values are used for head radius and one audio source
path script. The script defines the virtual audio source moving three times
around the participant’s head at a distance of one metre from the centre of
listener’s head.
The sound sample used in this part is music. In addition, the music piece
has to been chosen in order that it has only slight dynamic changes to provide
constant audio stimulus.
The music sample along with the audio source path data forms an ITD
test sample. This ITD test sample with another ITD test sample forms an
ITD test sample pair. In one ITD test sample pair two samples with di↵erent head radii are played to the test participant consecutively. All possible
permutations of the di↵erent value pairs of compared radii are formed to the
sample pairs. The total number of the test pairs is then six.
After the playback of one sample pair, the participant is asked to choose
the first or second ITD test sample that more convincingly sounded like
spinning around the head. The head radius picked most often is used in the
second part of the test.
In addition, the real dimensions of the participant’s head are measured
at the end of this test part. These measurements include the diameter of the
head on two axes and the head circumference.

4.5.2

Test Part 2: Externalization

The second part of the test concentrates on the externalization of audio.
The test is performed with two di↵erent audio samples: speech and music.
In order for the music to sound as familiar as possible the participants are
asked to pick one of the preselected music pieces to be used in the second
test part.
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Figure 4.3: Seven di↵erent audio processing configurations.

Figure 4.4: The procedure which is performed with every sample.

Seven di↵erent audio processing configurations are used, one without
decorrelation and six with di↵erent decorrelator setups. These configurations are listed in Figure 4.3. These seven configurations are combined with
two audio samples. The overall number of di↵erent test samples is thereby
2 ⇥ 7 = 14.
The order of tested sound processing configurations is randomized, therefore di↵ering between test participants. Each sound source is at an equal
distance to the participant but the direction is randomized. The test procedure for a single test sample is presented in Figure 4.4.
After each sample, the test participant is asked to mark a cross on the
externalization scale best corresponding the perceived level of externalization.
The suggested scale is presented in Figure 4.2.

Chapter 5

Implementation
The main goal of this thesis is to develop a test platform for the evaluation
and qualification of di↵erent audio processing methods. The implemented
test platform o↵ers a graphical user interface (GUI) to adjust di↵erent parameters of audio processing by a test planner. Thus, the experiments with
di↵erent parameter combinations may e↵ectively be executed.
The chosen setups of applicable 3D filtering parameters may be saved
and used in listening tests. The implemented test platform also provides
possibility to perform these listening tests and to record a relevant data from
them.
This chapter describes the implementation of the developed test platform.
The first section depicts an overall structure of the test platform software.
The second section describes the implemented audio processing paths and
the applied mixing algorithm for digital audio. The third section deepens
the restrictions of the realised latency in the implemented system. This
review established the success of an aspect of a real-time audio processing.
The fourth section illustrates the implemented GUI of the test platform. The
fifth section enumerates the suggested hardware components from which the
test platform may physically be constructed.

5.1

Overview of the Test Platform Structure

The software of the test platform is divided into two logical units which
are an audio processing unit and a GUI. These two communicate via the
BinauralWrapper interface provided by the audio processing unit. An
overall structure of the implemented software is depicted in Figure 5.1 which
depicts major software components and their relations.
The audio processing unit takes care of all spatial audio processing. In
38
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Figure 5.1: The overall structure of the implemented test platform with
the main components and their relations depicted. Solid arrows represent
compositional references. Dotted arrows points to major components which
are called when executing the ProcessAudio method of BinauralController.
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brief, this unit contains all needed components to calculate the binaural
signals of spatial sound sources.
The main controller for all audio sources and listener related data is called
BinauralController. It contains two lists of pointers to BinauralFilterControls and BinauralFilters which are responsible for an anechoic spatial
audio processing of all sound sources.
The BinauralController ProcessAudio() method processes one block
of an input signal of each sources at a time. At the beginning of a processing
cycle iteration, this software fetches a current orientation of the listener from
InertiaCube4. Communication with InertiaCube4 is handled by a dynamic
link library (DLL) provided by InterSense.
The BinauralController also contains a pointer to the DecorrelatorSystem. This subsystem contains a list of pointers to existing Decorrelators.
All Decorrelators have their own DecFir instance. This instance contains
the decorrelation FIR filter implementation. In the implementation, an audio block is transformed with FFT for a frequency-based decorrelation. This
DecFir implementation also uses an Overlap-Add method to increase the performance. After this decorrelation FIR filtering the spatial audio processing
of a decorrelator is performed with its BinauralFilterControl and BinauralFilter.
All sound sources generate their own binaural signal as a result of their
audio processing. All these binaural signals are mixed together with BinauralMixer. When one audio block of each input signal is processed and
mixed together a resulting output block is sent to the AudioPlayer.
Our AudioPlayer implementation uses the PortAudio interface to reproduce output audio blocks. PortAudio is an open-source cross-platform audio
application program interface introduced by Bencina and Burk in 2001 [57].
The AudioPlayer implementation also contains an audio bu↵er to which the
resulting output blocks are sent. PaStream of PortAudio is then reading this
bu↵er when reproducing final audio.
The visualization of the test environment in the test platform is provided
through a GUI. Its main component through which a user may communicate with the audio processing unit is the GUIScript module. This module
provides run-time instances of di↵erent menu components as well as SourceControllers. A SourceController contains a sound source related data for
source visualization.
All commands made by a user are sent to the BinauralController instance
through the BinauralWrapper. This BinauralWrapper is implemented as a
DLL which wraps all relevant methods of the BinauralController.
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Audio Processing Software

All audio processing is implemented in C code using Microsoft Visual Studio
2013 Ultimate. However, the last build of the BinauralWrapper DLL is made
with Microsoft Visual Studio 2015 Community. This later Visual Studio
version has more efficient optimizations for the performance of a release build.
The audio processing unit is build over a basis implementation of a single direct sound source. The basis implementation is expanded to support
multiple sound sources and additional audio processing methods, such as
decorrelation.
Sound sources are processed sequentially. Concurrency in audio processing would have brought unnecessary complexity to the test platform implementation in the scope of this thesis. The target hardware has only a few
processor cores. Therefore, the possible benefit of the concurrency in audio
processing implementation would be minimal because of the additional and
non-free context switches.

5.2.1

Audio Processing Paths

The implemented audio processing unit contains three audio processing paths.
These paths are a direct anechoic spatial audio processing, an audio processing of echoes and an audio processing of a decorrelation system. Their inputs
are the same mono signals and their outputs are processed as individual audio
lines with separate gains.
The direct anechoic spatial audio processing is the core of all spatial
processing of di↵erent sound sources in the implemented system. This implementation corresponds to the structural binaural filtering model depicted
in Chapter 4. This implemented audio processing path is depicted in Figure 5.2. As explained this spatial audio processing contains contra-lateral
and ipsi-lateral FIR filters. These filter a dry input signal according to the
listener’s orientation and the HRTF coefficients related to the position of a
sound source. These filters produce spectral di↵erences according to HRTF
as two output signals. This ILD filtering is achieved with minimum phase
HRTFs. Consequently, the ITD to the signal is calculated with using a delay
bu↵er to an output signal of the contra-lateral FIR filter.
The audio processing of an echo sound source is close to the direct spatial
audio processing. It di↵ers from this direct spatial audio processing only by
its input signal. The input signal of an echo sound source is read straight
from the audio ring bu↵er of its original direct sound source. This bu↵er
structure and a pointer to an input of an echo are depicted in Figure 5.3.
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Figure 5.2: The spatial audio processing path of a sound source.

When the input signal of an original source is read from its input file, it is
written to the audio ring bu↵er of this source. Thereafter, when processing
of an echo sound source its reading pointer is updated to point to the right
location of this bu↵er. Otherwise, the spatial audio processing of an echo is
completely similar to the processing of a direct sound source.
An echo sound source can only exist if its original direct sound source
exists. Our audio ring bu↵er implementation requires that an original direct
sound source should be located in the source lists before its echoes. This is
taken into account when sources are removed from the system. For example,
if a direct sound source is removed as a consequence all its echoes are also
removed.
The processing of the decorrelation system is executed after an audio
processing of all direct and echo sound sources. More specific explanation
about the processing of a decorrelation system is given in the next subsection.
In brief, the inputs of decorrelators are the same mono signals as the inputs
of direct sound sources. The inputs of echo sound sources are not fed to the
processing of a decorrelation system. Accordingly, only direct sound sources
are decorrelated.
To conclude, if we have one direct sound source with an echo and a
decorrelation system the audio processing of one sample block would proceed
as is sketched in Figure 5.4. A block of samples is read from the input file
of the direct sound source. This block of samples is written to the audio
ring bu↵er of this source. When processing the data of a direct sound source
from its audio ring bu↵er, this data is also written to each input bu↵er of all
existing decorrelators.
Then, the audio processing may be divided into three steps. First, the
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Figure 5.3: The audio ring bu↵er of the original source of an echo and the
reading point of echo’s input. This situation is when echo’s original source
is only read one block from its input file to the bu↵er.

Figure 5.4: The whole audio processing path of one direct sound, one echo
and decorrelation system with twelve decorrelators.
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3D processing of the direct source is executed and its output is sent to the
mixer. Second, the echo sound source is processed. The input of this echo
is fetched from the audio ring bu↵er of the direct sound source based on the
delay time of the echo sound source. After the spatial audio processing of the
echo sound source, its output is sent to the mixer. Third, the decorrelators of
the decorrelation system are processed. Their outputs are sent to the mixer
as well. In the end, a resulting output mix is sent from the mixer to the
audio player.

5.2.2

Decorrelation System

A decorrelation system contains a set of decorrelators. In the implemented
decorrelation system the maximum number of decorrelators is 12. All decorrelators are from a distance of one metre away from the centre of the listener’s
head. They are distributed around the listener with two possible adjustable
configurations and one ready test distribution.
The first distribution option is to locate all decorrelators evenly distributed in the horizontal plane at the level of the centre of the listener’s
head. The o↵set angle between the median plane and the first decorrelator
may be scaled from zero to 360 degrees. This o↵set angle may be adjusted
during audio processing. This distribution type is called ‘HORIZONTAL’ in
the implementation.
The second distribution option is to locate first set of decorrelators evenly
distributed as in the first option and the other set of decorrelators elevated
or lowered. The other set is also evenly distributed horizontally on the surface of the imagined sphere from one metre distance from the centre of the
listener’s head. These both circularly distributed sets have their own adjustable o↵set angles from zero to 360 degrees. The elevation angle may
also be scaled from 90 to 90 degrees. The example of this ‘HORIZONTAL PLUS ELEVATION’ distribution type is presented in Figure 5.5.

Figure 5.5: An example distribution of 6 horizontal and 4 elevated decorrelators with the elevation angle of 33 degrees.
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Figure 5.6: The processing path of one decorrelator.
The third distribution option is the ready made set of horizontal, elevated
and lowered decorrelators. The test distribution type is ‘TEST SET’ in the
implementation.
One decorrelator contains a decorrelation FIR filter and spatial filtering.
In the implementation, a decorrelation FIR has a maximum of 4096 coefficients. These coefficients for the FIR filter are created as described in the
previous chapter. This FIR filtering creates the actual decorrelation of the
input signal. The FIR output is still a mono signal. The spatial filtering
of a decorrelation is identical to the spatial filtering of a direct sound. This
filtering forms a binaural signal which is mixed in the final output.
In the decorrelation system, all decorrelators are processed sequentially
in the same manner. The processing path of one decorrelator is illustrated
in Figure 5.6.

5.2.3

Mixing Di↵erent Processing Paths

In the multiple sound source implementation it is clear that di↵erent outputs
must be mixed together. The overall mixing of di↵erent outputs and mixing
input for each decorrelators in the decorrelation system is implemented in
the BinauralMixer. This mixer implementation is constructed according
to Toth’s [58] reasoning about digital audio mixing.
In real-life, when sound signals from multiple sources are heard, a resulting signal in the ear is a sum of these all simultaneous signals. As the number
of these simultaneous sound signals increases, the amplitude of the resulting
signal also increases without any upper limit. However, with digital audio

CHAPTER 5. IMPLEMENTATION

46

we have an upper limit for the dynamic range. The resulting sum of the
multiple audio signals must fit in this range.
Normalization of multiple signals would produce a resulting signal which
fits in the dynamic range. Unfortunately, dividing the amplitudes of the
audio signals reduces their dynamic range. This e↵ect would become more
pronounced if the number of separate audio signals grew. This kind of normalization also a↵ects a single audio signal if other audio signals are quiet.
Therefore, Toth sought a mixing equation where quiet signals do not a↵ect
the dynamics of an output signal. In addition, mixed signals must have
amplitude between their greatest value and the maximum amplitude. [58]
If we have signals A and B with a dynamic range from 0 to 1, the described
conditions are satisfied in the equation below. This is the same as Toth
depicted in his reasoning [58].
Z =A+B

AB

(5.1)

In our implementation, we have 16-bit integers representing audio samples. Consequently, the value range is from 0 to 65535. Using this range the
previous equation is normalized as follows:
AB
(5.2)
65536
The above applies if 0 means silence in the signal and the value only grows
from there. However, our presentation uses signed integers. The actual range
is from -32768 to 32767. Then if A and B are negative the result should be
more negative than either A or B. Furthermore, if A and B have opposite
signs they need to cancel each other to some extent.
Toth elaborated this kind of situation where the midpoint represents the
silence [58]. From Toth’s normalized equation, we are able to derive the
implemented mixing equation which is presented below.
Z =A+B

8
>
< AB ,
Z = 32768
>
:2(A + B)

if A < 32768 and B < 32768
AB
32768

(5.3)

65536, otherwise

In summary, our mixing algorithm works in four following steps. First,
our signed samples in signal A and B are scaled to unsigned 16-bit integers
by adding 32768 to them. Second, the equation above is executed to them.
Third, if a result value Z is maximum 65536 clipping is prevented by setting
it to 65535. Last, this resulting audio sample is scaled down to a signed
integer by subtracting 32768 from its value.
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Latency Restrictions

Latency in processing should grow to a maximum of 50 milliseconds as defined earlier. There are many factors in the implementation which causes an
increment of latency. Some of them are caused by software implementations.
However, the used hardware also a↵ects the latency.
The most straightforward reason for the increment of latency is the audio
bu↵er size. When overly long, for example, the changes in the orientation of
the head-tracker would be updated in audio processing noticeably delayed.
On the contrary, we need to keep this bu↵er sufficient in order that the
processing of multiple sound sources would produce an uninterrupted audio
stream.
The block size of one iteration of audio processing is 384 samples in
our implementation. Its length at a 48 kHz sampling frequency is then 8
milliseconds. The maximum length of the audio bu↵er is decided to be
5 blocks which is 40 milliseconds. This gives extra 10 milliseconds to the
latency caused by hardware.

5.3.1

Hardware Limitations

The target platform for the implementation of the test platform was an Acer
Iconia W700 tablet with Windows 8.1 operating system. This tablet has an
Intel R CoreTM i3-2375M processor. The processor contains two cores and
has Intel R ’s Hyper-Threading Technology. This technology provides two
processing thread for one physical core. The maximum number of concurrent
threads is then four. [59]
The features of this processor resolved the concurrency question presented
in the previous chapter. The concurrent approach would enhance audio processing. Nonetheless, the speed-up of the concurrent solution would not
be straight four times faster than the sequential solution. With threading
the context switching between di↵erent threads would slow down the performance. In addition, the implemented test platform also has a graphical
user interface which should run at the same time. Therefore, the benefit for
the concurrent processing solution was considered too small to justify the
increased workload. Consequently, in our implementation multiple sound
sources are processed sequentially.
The chosen head-tracker also a↵ects the amount of latency in audio processing with its response time. The head-tracker used is InertiaCube4 with
an update rate of 200 Hz, meaning that the orientation of the head is updated every five milliseconds. In the worst case scenario when the lengths of

CHAPTER 5. IMPLEMENTATION

48

Figure 5.7: The worst case scenario when the update rate of a head-tracker
is 200 Hz and the length of an audio block is 8 milliseconds.

the audio blocks are 8 milliseconds and the size of the audio bu↵er is 5 audio
blocks the maximum latency is 45 milliseconds. This situation is sketched in
Figure 5.7.
In addition, the head-tracker is connected to the computer by a universal serial bus (USB) which may cause extra latency depending on the USB
implementation. These USB implementations are non-public information.
Therefore, the exact amount of the added latency by the USB implementations is unknown.

5.3.2

Time and Frequency Filtering Combination

The original intent was to operate purely with time-based filtering. In addition, the basis implementation for spatial processing of one sound source
was time-based. As a legacy of this basis implementation, all the spatial
processing is time-based. This forms the first major bottleneck in the audio
processing implementation.
A decorrelation FIR filter needs to be long enough in order that a result
signal is not coloured disturbingly [48]. However, the time-based convolution
with longer FIRs is overly slow. Therefore, we ended up in an implementation which combines time-based with frequency-based filtering. This filtering
brings its own challenges to real-time audio processing.
This frequency-based FIR filtering demands FFT and inverse FFT to
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the signal. These transformations are the second major bottleneck of audio
processing. For these transformations, we use the FFTW library. This library
uses floating point numbers. Therefore, the transformations also require 16bit integer data transformation to floating points and vice versa. These both
kinds of transformations take their time in the audio processing.
More specific analysis of two major bottlenecks in the audio processing
implementation is presented in Chapter 6.

5.3.3

Processing Optimization Choices

A few optimizations are implemented in the audio processing algorithm.
These optimizations concern muting a source, the length of processed blocks,
forming an input for decorrelators, and processing of a decorrelator FIR filter.
In signal processing, if an audio signal is muted it is executed as multiplying the output signal with zero. However, instead of processing a signal
normally and then multiplying it by zeroes the whole processing of a muted
sound source is bypassed. In our solution, zeroes are written to the output
bu↵er of a muted source. This reduces the computational overhead of the
audio processing.
The length of the processed blocks is 384 samples. This signal block length
needs to be padded with zeroes to the same length as the sum of the FIR
filter length and the length of this block for the FFT phase in decorrelation.
When the length of the FIR segments is chosen to be 128 coefficients, the
sum of these two blocks is 512 which is a power of two. This optimizes FFTs
and inverse FFTs during decorrelation.
All decorrelators must be processed with all inputs from direct sound
sources. In order that these decorrelators are not processed with all inputs
separately these inputs are mixed together before decorrelation. This saves
the computational overhead of the decorrelation because the mixing would
be performed in any case at some point of processing.
In the processing of the FIR filters of decorrelators an overlap-add method
is used to enhance the performance. Although convolution in the frequency
domain is faster than in the time domain this method allows to use shorter
blocks in FFT phases. The processed block needs to be padded with zeroes
only by the amount of one FIR segment. Therefore, the processing of FFTs
and the inverse FFTs are faster.
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Graphical User Interface

This section describes the implementation of the graphical user interface
(GUI) and its features. Constructing versatile user interfaces as such takes
much time.
The GUI is constructed using Unity 5 and all the functionality is scripted
with C#. The actual audio processing is isolated from the GUI. This audio
processing unit is used in Unity as a dynamic-link library (DLL). It provides
the functions of the BinauralWrapper for communicating between the audio processing unit and the GUI. With this interface, the GUI obtains the
orientation of the listener and locations of the sound sources as well as the
processing method configurations. This information is used for the visualization of the 3D scene and the filter configuration tool.

5.4.1

Visualization of the Scene

There are two views of the scene in the implementation of the test platform.
The first view is the control view of sound sources. This is the basic visualization of the composition of the sound sources. The second view is from the
listener’s perspective.
A fundamental motivation was to o↵er a simple approach to relocating
the sound sources. Because real-life sound sources are usually moving along
the ground the horizontal plane is the most important concerning the control
of the sound sources. Therefore, the viewpoint of the control view is right
above the visualized head of the listener. Hence, the visualized sound sources
are easily draggable on the horizontal plane. A screen shot of the control view
is presented in Figure 5.8.
The camera of the control view is also adjustable. With the plus and
minus buttons this camera may be lifted or lowered. This possibility provides
a wider or a closer view of the scene which enhances the understanding of the
whole composition of the sound sources and their relations to the listener.
In the other view available, the camera points to the direction of the
listener’s nose. When this view is chosen, spheres visualize the sound sources
as they are observed in the eyes of the listener. In addition, the visible
horizon of the scene is modelled. An example screen shot of this view is in
Figure 5.9.
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Figure 5.9: An example view from the listener’s perspective.
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Sound Source Controlling

The three-dimensional moving of a sound source is possible by dragging it
with the help of a mouse and up and down arrow keys. This kind of moving
may be performed in the control view or when an update window of a sound
source is active.
The update window of a sound source may be activated by double-clicking
on the sphere of this desired direct or echo sound source with the left mouse
button. These two di↵erent update windows for a direct and an echo source
are represented in two screen shots in Figures 5.10 and 5.11.
Specifically, there are three additional options for changing the position of
a direct or an echo source in the update windows. First, this window provides
three text fields for coordinates to define a new position. An intended new
position is visualized with a cyan marker as seen in Figure 5.10. Second
option is to move the cyan marker with a long mouse click to the desired
location. The actual position of a sound source may be updated to the
location of the cyan marker by clicking ‘Update Position’ button. Third,
a new location may be drawn to a specific radius and a random direction
by clicking the ‘Draw New Position’ button. This is a useful feature, for
instance, when configuring sound sources for a listening test.
The update window of an echo sound source also has an additional control
box. Through this additional control box, a delay and a gain of an echo source
may be controlled. This additional control box is also in sight in the example
screen shot of the update window in Figure 5.11.
New direct and echo sound sources can be added through the add source
and add echo windows. Example pictures of these windows are shown in
figures 5.12 and 5.13. The add source window can be activated through the
menu. From this window, the add echo window can be revealed by clicking
‘Create Echo’ button from the left bottom corner. In these windows, a future
position for a new source is indicated with a green marker. It may be moved
to the desired location with a long mouse click or by typing new coordinate
values to three text fields of coordinates.
In the case of a new direct sound source, an input file name may be typed
to the ‘Source file name’ text field. The input file may also be selected from
a list of existing input files. This list appears by clicking the ‘F’ button next
to the field for the input file name.
For a new echo, its original sound source is selected by clicking the sphere
of an existing direct sound source. After the selection the original sound
source for a new echo is indicated by a halo as can be seen in Figure 5.13.
In addition, the delay value of the echo as well as the amplitude of the echo
may be adjusted with the sliders in the right bottom corner.
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Figure 5.10: The update window of a direct sound source.

Figure 5.11: The update window of an echo source with an active additional
control box.
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Figure 5.12: The sound source add window for a new direct sound source.

Figure 5.13: The sound source add window for a new echo source with the
original sound source selected.
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Filter Adjustments

There are two di↵erent processing methods in the test platform. The first one
is a basic HRTF processing and the second one is a decorrelation processing.
The used processing method may be selected through the processing info
menu. This menu also contains the option to disable the head-tracking of
the decorrelators. Through this menu, the next functionalities may also be
managed. These are a creation of a new decorrelation filtering, adjustments
of the existing decorrelation filters as well as, saving and loading these filter
setups.
In addition, through the processing info menu the overall gains for all
three processing paths and the head radius of the listener may be adjusted.
The processing info menu and these two adjustment sub menus are presented
in Figure 5.14.
The sub menu for the creation of a new decorrelation system is presented in Figure 5.15. With this menu parameters for a new decorrelation
system may be defined. These parameters are the number of decorrelators,
the distribution type of the decorrelators, and the set of the coefficients for
decorrelators. After all parameters are defined the new decorrelation system
can be created.
The existing decorrelation system may be adjusted through the update
decorrelators sub menu. This menu is presented in Figure 5.16. There are
several adjustable parameters whose functions are illuminated better in sub
section Decorrelation System.

Figure 5.14: A screen shot of a processing info menu plus the sub menus for
the overall gains and for the head radius adjustments.
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Figure 5.15: The sub menu for the creation of a new decorrelation system.

Figure 5.16: The sub menu for the adjustment of a decorrelation system.
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First, the distribution type of the decorrelators may be changed. Second,
the o↵sets for the di↵erent distributions may be adjusted. Third, for the
calculations of the decorrelation gain the used values of maximum and minimum distances may be controlled. These are also visualized with red and
blue disks around the listener. Fourth, the wet gain for the decorrelation
path may also be adjusted. Fifth, the length of the processed FIR filters in
the decorrelators may be changed.
Most of these parameter changes may be executed when the audio processing is on. The only exception is the modification of the distribution type
of the decorrelators. This modification always needs a click of the update
button. However, all parameter changes need to be established by clicking
the update button or by confirming those when hiding the sub menu.

5.5

Hardware

This section presents and reasons the final selection for the hardware components of the configuration of the test platform for the listening tests. These
choices di↵er slightly from the first plans. However, this final hardware set
is feasible for the implemented test platform.
Our target platform for the audio processing unit was an Acer Aspire
P3 tablet with Windows 8.1. However, this target platform turned out to
be slightly too slow to run the test platform. Therefore, we decided to use
a MacBook Pro with an Intel Core i5 processor with two cores. On this
hardware with OS X Yosemite 10.10.5 we have installed Windows 8.1 with
the Boot Camp Assistant.

5.5.1

Head-Tracker

An InterSense InertiaCube4 is responsible for the head orientation tracking
of the listener. The head-tracker is mounted to the headset on the listener’s
head. It is either mounted to a hairband or directly on the band of a headphone depending on the model of the used headphone. An example picture
of the mounting can be seen in Figure 5.17.
The head-tracker is attached to the audio processing unit with a 2.0 metre
USB cable. This tracker has three degrees of freedom with full 360 degree
range. Its update rate is 200 Hz. Its accuracy is 1 degree for yaw and 0.25
degrees for pitch and roll. [60]
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Figure 5.17: An example photo of the headset configuration that contains
Sennheiser HD595 headphones with mounted InertiaCube4.

5.5.2

Headphones

Two di↵erent headphones are suggested for the hardware set. The suggested
headphones are a prototype ARA headphone or Sennheiser HD595 headphone depending on whether the listening test is performed outdoors or inside
the building.
The prototype headphone brings the ARA aspect to the configuration.
This in-ear headphone has built-in microphones on the outside of the earpieces. These binaural microphones record surrounding sound environment
which is directed to the headphones via an ARA mixer. Thus the formed
pseudo-acoustic environment has a controllable hear-through level. To this
pseudo-acoustic environment the spatially processed virtual sound sources
from the audio processing unit are compounded by the ARA mixer. The
resulting augmented reality soundscape is reproduced with headphones.
The development was performed with Sennheiser HD595 headphones.
This headphone lacks the ARA aspect. However, this model was more pleasant for ongoing testing, for example, during the development of the platform.
These headphones were also used in pilot tests because the main goal for these
tests was to evaluate the feasibility of the developed test platform.

Chapter 6

Evaluation
The implementation may be evaluated from many di↵erent perspectives.
They include, among others, the requirements for the real-time processing,
the adjustment possibilities of the implemented processing methods as well
as, the usability factors of the implemented graphical user interface. These
many factors define the whole feasibility of the implemented test platform.
As defined at the beginning of this thesis, the research question imposed
a few requirements for the test platform. These requirements were the design for the binaural system, the functionality of the defined listening test
procedure, the latency restrictions, and the user interface for the tablet.
This chapter considers the success of the developed test platform based
on the listed requirements. These four requirements are evaluated from two
di↵erent perspectives. The first section argues the first two requirements
from the perspective of used methods and their suitability for the designed
test environment. This section also gives the specific instructions how the
defined listening tests can be performed by describing the steps of performed
pilot tests with the implemented test platform. The second section discusses
the success of the implementation covering the last two requirements. In addition, the bottlenecks of the audio processing implementation are analysed.

6.1

Methods

The success of the selected methods is evaluated by comparing the requirements of the binaural system with the designed binaural system. This evaluation takes into account the possibility to create a sound environment with
multiple sound sources as well as the adjustability of the audio processing
parameters.
The evaluation of the designed listening test procedure describes how
59
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the pilot tests were performed with the implemented test platform. More
specifically, all the needed preparations for the two part test procedure are
described with the example values and configurations that were used in these
pilot tests. This description gives the specific instructions for executing the
defined listening tests with the implemented test platform. Based on this
kind of prototyping the applicability to perform the defined listening test
with the implemented test platform is also confirmed.

6.1.1

Binaural System Design Choices

The design principle for the binaural system was the structural processing
model. The structural model enables the implementation with multiple adjusting possibilities. In addition, it opens up the possibility to change separate processing units. These possibilities are desired and suitable features
for the perspective of a versatile testing platform.
Conversely, the structural model and multiple possible processing parameters increase the complexity of the system. For instance, they complicate
the implementation of the graphical user interface and the audio processing
unit. The overall utility of the selected adjustable parameters may only be
evaluated through wider listening tests.
The test environment and the binaural system both support multiple
sound sources satisfying the requirement of a multiple sound source environment. Therefore, the selected methods may be considered as successful
choices. These choices include, among others, the FFTW library and the
overlap-add method.

6.1.2

Pilot Tests

The primary goal of the pilot tests was to prototype the functionalities of
the developed test platform with the presented listening test procedure. The
performed pilot tests are described including needed steps and used values
in these tests.
The first part of the test compares di↵erent head radius parameters. In
the pilot tests, our pre-chosen values for the head radius were a) 8.6 cm,
b) 9.4 cm and c) 10.2 cm. This test part requires the following procedure
with the test platform as a preparation. The procedure generates the audio
samples of the sound sources which spin around the listener’s head. This
procedure is presented in Figure 6.1.
The first option to create the final test sample pairs is to combine single
samples to the di↵erent sample permutations using an audio editor. The
other option is to record these di↵erent permutations directly with the test
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Figure 6.1: The procedure for the creation of the samples for the test part 1.

Figure 6.2: Seven configurations for the test part 2.

platform. The test platform records to one output file all plays if ‘REC’
button is on all the recording time. Otherwise, the ‘Reset file’ option may
be deselected in the file name dialogue box and the recording to the specified
file may be continued.
With the help of the test platform, the di↵erent decorrelation configurations are adjusted and saved with three di↵erent head radii. The seven
configurations used in the pilot tests are presented in Figure 6.2. In addition, two di↵erent audio samples are for this test part is created and saved
with di↵erent source files in order that they are easy to use in the actual
testing situation.
After the preliminaries, the test is performed as described in Chapter 4.
The output of the example recording of tracking data from the test part 2 is
shown in Figure 6.3.
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Figure 6.3: An example data from the orientation recordings of the test part
2 with the speech sample.

The performed pilot tests show that the implemented test platform is
suitable for creating specific audio samples and filter configurations for the
defined listening test. The test platform is also capable to record orientation
results as is needed in the test part 2. Consequently, the pilot tests prove that
the functionalities of the test platform are suitable for the defined listening
test.

6.2

Test Platform Implementation

The evaluation of the performance contains the analysis of the bottlenecks of
the audio processing implementation. Additionally, the latency requirements
of the audio processing as well as the usability of the GUI represent the
success of the test platform implementation. The sufficient maximum latency
value was determined to be 50 milliseconds in Chapter 4. Its realization is
practically tested on di↵erent platforms.
The usability aspect of the GUI is more difficult to evaluate. A profound
evaluation would have demanded wider usability research covering all the
functionalities of the GUI. This kind of research would have been excessively
large in the scope of this thesis. Therefore, the usability is argued through
Nielsen’s ten heuristics [61].
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Figure 6.4: The summary of results from the analysis of the Performance and
Diagnostics tool in Visual Studio 2013 Ultimate when the test program was
run with one audio source and 12 decorrelators with the maximum length
decorrelation FIRs.

6.2.1

Bottlenecks of Audio Processing Implementation

The performance of audio processing is analysed on the desktop computer
with Visual Studio 2013 Ultimate. The computer has an Intel R CoreTM 2
Quad Processor Q9400 with four cores and Windows 8.1 Enterprise installed [62].
The analysis is done when processing one direct audio source with the
worst case configuration of the decorrelation system. This worst case configuration is the maximum number of decorrelators which has maximum length
decorrelation FIRs. This means 12 decorrelators with 4096 decorrelation
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FIRs in the implemented test platform. These settings force the performance of the audio processing unit to the hardest in the perspective of the
defined listening test.
The summary of the analysis in Figure 6.4 shows that the FIR filters of the
decorrelation system form one major bottleneck of the audio processing. The
other bottleneck is the processing of the BinauralFilter. The wider reports
of this analysis reveal more explicit results about these two bottlenecks.
The first bottleneck comes from the FFTW library calls. This is explained
by the slowness of the FFT algorithm. With the described configurations,
these FFTW library calls consume almost fifth of the processing time of the
FIR filters of the decorrelators.
The second bottleneck forms when the time-based FIR filter implementation of the BinauralFilter took the major part of the spatial processing
time. The reason is the slowness of the time-based convolution. With the
described audio processing setup, this is almost a quarter of the processing
time of the whole spatial filtering.

6.2.2

Latency Requirements

As presented in the previous chapter the audio bu↵er implementation with
the head-tracker with a 200 Hz update rate gives a maximum latency of
45 milliseconds, this being the worst case scenario. The extra lag is also
as a result of the USB implementation of the head-tracker. In practise the
actual latency is usually below the presented worst case scenario if the audio
processing produce a continuous sound signal to the output. Therefore, the
latency requirements may be considered as fulfilled if the binaural signal is
heard without artefacts.
According to these definitions of the fulfilled latency requirements, the
performance of the used MacBook Pro is sufficient with the worst case configurations. In this respect, the audio processing unit may be considered
successful.
However, the implemented test platform lacks performance on the Windows tablet which was the primary target platform. For example, if the
decorrelation system is used with 12 decorrelators and with the maximum
length decorrelation FIRs the real-time output is a fragmentary audio signal.
Hence, the computing power of the tablet is insufficient for the implemented
test platform. Therefore, the reached performance of the audio processing
unit remains room for improvements.
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Graphical User Interface

The initial wish for the GUI was that it should contain several parameters
for adjusting the audio processing options. The exact requirements of the
functionalities of the platform were the clear visualization of the sound environment, the ease of moving the sound sources, and option to change between
di↵erent processing methods. All these requirements may be considered as
fulfilled according to the implementation chapter.
However, the GUI also contains other functionalities which are not included in these three exact requirements. Therefore, the usability aspect
may be reviewed more specifically in order that the succession of the GUI
may be rated. This evaluation is argued with Nielsen’s ten usability heuristics
for user interface design [61].
The first two heuristics are the ‘visibility of the system status’ and the
‘match between system and the real world’ [61]. The system has play, stop
and pause buttons as well as two recording buttons in the controlling panel
for indicating the state of the audio processing. In addition, the names for
parameters and objects are terms from the field of the augmented reality
audio research. Hence, these two heuristics are fulfilled.
The ‘recognition rather than recall’ heuristic [61] may be considered as
true. For instance, all options to change parameters or to see the current
options are visualized to the user. However, there are a few hidden features in
the test platform. First, the display of latency information may be activated
with the ‘F1’ key. Second, the tracker heading may also be reset with the
‘space’ key. Third, the zooming in and out of the scene is possible with
‘PageUp’ and ‘PageDown’ keys. These functionalities are not informed to
the user because these can not be performed by tapping the screen of a
tablet computer.
The last heuristic which is fulfilled is the ‘aesthetic and minimalist design’ [61]. The dialogue boxes and the texts in the buttons are tried to keep
as short and simple as possible. However, the sub menus related to the decorrelation in the processing info menu may violate this heuristic with a little
too complex adjustment possibilities.
The next three heuristics are lacking to some extent in the implementation. These are the ‘user control and freedom’, the ‘consistency and standards’, and the ‘error prevention’ [61]. The first of these heuristics calls for
an easy emergency exit to undo and redo functions for a user. There are
no such redo or undo possibilities. The second heuristics breaks the several
movement possibilities for the source. These should at least be informed
more consistently. The last of these heuristics is violated because of the lack
of prevention of erroneous situations.
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The last three heuristics are all missing in the GUI implementation. These
are the ‘flexibility and efficiency of use’, the ‘help users recognize, diagnose,
and recover from errors’, and the ‘help and documentation’ [61]. First, the
frequent actions can not be tailored for inexperienced and experienced users.
Second, the crash of the system is still possible, for example, if there are some
missing data files. Last, the wider documentation of the system is missing
beside this thesis.
Based on these ten heuristics the GUI has some defects of its usability.
Therefore, the implementation of the GUI may only be concerned partly
successful.

Chapter 7

Discussion
The actual implementation e↵ort of the test platform required providing
adequate facilities for testing the externalization applicability of di↵erent
audio processing methods. During the project, it became clear that the actual
implementation work of required features would consume a huge amount of
time resources allocated to the project.
However, the primary goal of this thesis work was achieved since a test
platform capable of real-time sound rendering was successfully constructed
and the procedure of the listening test for studying the externalization of the
implemented audio processing methods was defined as intended. A few pilot
tests also partially verified the usability of the new test platform in realistic
user test situations.
As we have seen in previous chapters the implementation has some deficiencies which may be corrected. The reasons for identified deficiencies are
reflected upon, with improvements and future work suggested as well.
In audio processing implementation, the combination of the time-based
and frequency-based filtering caused major drawbacks for the latency of the
system. This kind of hybrid implementation di↵ered from the original intentions. The first intention was to operate with only time-based filtering.
The used basis implementation of the spatial audio processing of one sound
source utilizes only time-based binaural processing. As a legacy of this basis
implementation, all the spatial processing in the audio processing is timebased. The need for frequency-based processing in the decorrelation system
was realized not until the tail end of the development project. At this stage,
the entirely new approach with all frequency-based filtering and a totally
new implementation of the audio processing system was too late. Therefore,
the cumbersome hybrid filtering was implemented.
The biggest problems during audio processing implementation arose from
lack of specific goals set at the beginning of the project. This led to insuf67
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ficient comprehension of requirements for audio processing functions being
implemented.
The partial failure in the usability of the implemented GUI is largely
due to the same cause as the audio processing difficulties. The features
required from the GUI had insufficient specifications and some designs had
to be decided during the implementation process. This caused confusion
during development, as did the wish for the test platform to contain as many
adjustable parameters as possible, in order to enable a versatile study on
various audio processing methods.
One of the main causes for the usability defects in the GUI was confusing specifications, especially due to GUI development being a rather timeconsuming process as such. The usability aspect of the GUI may be improved
by defining more detailed use cases for the test platform. The functionality
required by these use cases may also be evaluated through suitable usability
tests.
The performance of the implemented audio processing algorithms would
also improve without a complete reimplementation of spatial processing. For
example, a more efficient FFT library would obviously increase processing
performance. However, the whole audio processing would be more efficient to
calculate in the frequency domain when decorrelation is used. In addition, the
performance of audio processing might be enhanced by enabling concurrency
when processing multiple sound sources.
The test procedure defined for the listening test was proven to perform
sufficiently for evaluating the success of sound source externalization. In this
manner it is possible to gather the result data from various audio processing
methods. If the given test procedure and measurement scale is used in other
test situations, the results are comparable directly. Such a unified method for
testing is crucial for comparability, especially since the results are inevitable
based on subjective evaluation.
However, the performed minimal pilot test is not sufficient for answering if the implemented processing methods provide an efficient solution for
high-quality spatial audio processing. This kind of conclusion would require
broad listening tests. The listening tests should also contain more predefined
test setups to find optimal decorrelation FIR filter lengths and number of
decorrelators.
The implemented spatial processing uses just one generalized HRTF set.
One additional testable aspect is the contribution of di↵erent HRTF implementations to the success of externalization success rates. This would also
give more insight to the mechanisms of sound image externalization.
In conclusion, the four mentioned improvements are suggested as a future
work on the implemented test platform. First, audio processing performance
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can be enhanced with a more efficient FFT library, or by performing all filtering in the frequency domain. Second, the listening test defined in this thesis
should be performed in a statistically significant scale. Third, other filtering configurations and echoes representing early reflections could be studied to find possible benefits in production of an externalized audio image.
Fourth, researching the e↵ect of di↵ering kinds of HRTF implementations
could potentially produce relevant information regarding the externalization
phenomenon.

Chapter 8

Conclusions
As we have seen, investigating the externalization phenomenon is difficult
due to the nature of externalization perception. This perception and success
of externalization of a sound image are inherently subjective. Studies on subjective perception demand properly designed and defined test environments
and procedures for performing the tests.
The concrete goal of this thesis was to implement a real-time test platform. This goal includes the design of an applicable listening test procedure. The test procedure described evaluates the externalization potential
of implemented audio processing methods by utilizing the test platform developed. The test procedure was introduced and demonstrated to be viable
by performing a small number of pilot tests. However, a full evaluation of
implemented audio processing methods could not be performed within the
time constrains imposed on the work. This suggests large scale listening tests
as an obvious and straightforward starting point for further studies.
The implemented test platform had two main requirements which were
described in Chapter 1. First, the system had to support multiple virtual
sound sources with audio processing performed in real-time. Second, the test
platform needed to have an UI usable on a tablet in order to enable simpler
testing of audio processing methods in real-life scenarios, especially outdoors.
Fulfilling the first requirement implicitly demands a sufficiently good performance of the audio processing methods used for them to be computable
consistently in real-time with sensible audio processor configurations. The
implemented software manages to achieve the maximum acceptable latency
requirement set for the software solution at least when executed on the hardware configuration shown in the thesis. Running on that hardware the worst
case real-time scenario shown in this thesis runs while producing no artefacts
to the output signal.
The second requirement was evaluated through the performed pilot tests,
70
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as well as through a specific, common set of usability heuristics. The results
of these evaluations suggest that the test platform is indeed sufficient for
use in listening tests described in this thesis. Unfortunately, application of
Nielsen’s ten usability heuristics show usability to be only a partial success,
since about half of these ten heuristics get fulfilled.
The test platform implementation is able to satisfy one of its two requirements only in part, since the GUI has several shortcomings shown by
the application of used heuristics. The arguably more important requirement, the sufficient real-time audio processing performance of the complete
software solution is met in full as originally defined.
Performing the pilot tests successfully e↵ectively confirms the applicability of the listening test procedure defined in this thesis. Since the pilot tests
were completed without difficulties according to the defined listening test
procedure, it is difficult to see the test platform implementation as a failure
even with one of its two requirements left fully unmet.
As future work, the actual externalization potential of the implemented
audio processing methods needs to be proved with broader listening tests
using the developed test platform and the defined listening test procedure.
In addition, the improvements to enhance the performance of implemented
audio processing methods and the usability of the GUI are also suggested.
Since the UI related requirement was only partially met, but the software
seems perfectly usable when applied to the problem at hand, doubt is cast
on the significance of a good UI design when used by a dedicated operator.
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Eira T. Seppälä. Some e↵ects of the torso on head-related transfer
functions. In Audio Engineering Society Convention 122, May 2007.
URL http://www.aes.org/e-lib/browse.cfm?elib=14015.
[12] Abhijit Kulkarni and H. Steven Colburn. Role of spectral detail in
sound-source localization. Nature, 396(6713):747–749, 1998.
[13] Tomi Huttunen, Antti Vanne, Stine Harder, Rasmus Reinhold Paulsen,
Sam King, Lee Perry-Smith, and Leo Kärkkäinen. Rapid generation
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