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In this thesis, a novel loudspeaker correction system is presented and studied.
This correction system uses the location of the user to determine the calibration
parameters. Conventional loudspeaker correction uses a static equalizer to correct
for the coloration of the loudspeaker system at all times. However, the response of
the loudspeaker changes dynamically with the location of the user. By correcting
for the loudspeaker’s response at multiple locations and changing the calibration|in
real-time based on the user’s location, we expect a less colored frequency resppnse
compared to no applied calibration or conventional calibration methods. The
developed methodUser Position-Based Loudspeakdrorrection (UC), produces
a flatter frequency response than that of no applied calibration: in one of the
measurement conditions the averages of the ranges of the frequency response|(the
dileérence between the largest and the smallest decibel value) went from 10.3 dB
in the non-corrected setting to 4.7dB in the UC setting. Further, it is shown
to outperform a conventional method of correcting for the frequency response
of each point in space by using calibration derived from measurements from a
predetermined listening position. The average of the ranges with the conventional
method of calibration in the aforementioned listening condition was 6.8 dB. Finally,
by interpolating the EQ gains for the calibration from a set of measurements for the
suggested correction method, the system’s resolution could be increased with the
resulting calibration still outperforming the conventional correction method. The
averages of the ranges for the interpolation methods in the aforementioned listening
condition were around 6.1 dB varying approximately 0.1 dB with the method.
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Tassa diplomitydssa esitellaan tutkimus uudenlaiseen kaiuttimien kalibrointijarjes-
telmaan. Kyseinen jarjestelma hyodyntad kayttdjan sijaintia korjauksen paramet-
rien valitsemisessa. Perinteiset kalibrointijarjestelméat kayttavat staattista ekvali;
saattoria kaiuttimien varjaytyman korjaamiseen. Ongelmaksi tdssd menetelméassa
nousee se, etta kaiuttimien taajuusvaste muuttuu dynaamisesti kayttajan sijainnin
mukaan. Jos kaiuttimien vastetta korjataan monessa sijainnissa ja kalibrointia
vaihdetaan kayttajan sijainnista riippuen, on odotettavissa tasaisempi taajuusvas-
te perinteisiin menetelmiin verrattuna. Tata tutkimusta varten kehitetty metodi
User Position-Based Loudspeakdrorrection (UC, kayttdjan sijaintiin perustuva
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sa kuunteluymparistossa 6.8 dB keskimaaraisen vaihteluvalin. Lopuksi osoitetaan,
ettd ekvalisaattorin arvoja interpoloimalla UC:n arvojen valille, kalibroinnin reso-
luutiota pystytdan parantamaan ilman jarjestelman suorituskyvyn heikkenemista
perinteisen kalibraatiojarjestelméan suorituskyvyn alle. Interpoloitujen metodien
tuottama keskimaarainen vaihteluvali oli noin 6.1dB, ja interpolointimetodien
valilla vaihteluvalit vaihtelivat 0.1 dB:n verran.
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Symbols and abbreviations

Symbols

F  Frequency [HZz]

T Reverberation time RT60 [s]
V  Volume [m]

Vo Reference volume =100m?3

Abbreviations
CIC cubic interpolation loudspeaker correction
DSP digital signal processing
EQ equalizer
FIR finite impulse response
GEQ graphic equalizer
IC interpolated correction
IR infinite impulse response
LIC linear interpolation loudspeaker correction
MIC modified Akima interpolation loudspeaker correction
NC no correction
NNC nearest neighbor loudspeaker correction
SIC  spline interpolation loudspeaker correction
SSM  swept-sine method
SC static loudspeaker correction
ucC user position based loudspeaker correction



1 Introduction

Truthful audio reproduction is essential for a multitude of media applications, ranging
from media consumption and media production to scientific purposes (e.qg., listening
tests). High-grade loudspeakers and accompanying equipment (e.g., converters,
amplifiers and cables) all operate with virtually no error in terms of their signal
transferring capability.

However, listening with loudspeakers has its downsides. The overall coloration
of the system results primarily from loudspeaker setups being inside acoustically
imperfect rooms [, p. 550]. Coloration refers to the linear perturbations in the
frequency response of the signal. Other less significant causes of coloration include
amplifiers, cables and the loudspeakers themselves. The eléct that the room has on
the sound varies depending on the room acoustick p. 511-545], including the size
and shape of the room, the acoustic treatment installed, and any surfaces that are
placed inside the room.

Although acoustic treatment is often non-existent in a domestic settindl| p. 549],
it can be used extensively in other domains. In a professional setting, the room
acoustics have often been tailored to the point that the room dimensions are optimized
for precise audio reproduction. In a scientific setting the treatment is adapted for
the inquiry at hand. For example, objective measurements of an auditory event are
generally carried out in an anechoic chamber, whereas subjective measurements (i.e.,
listening tests) use either the listener’'s personal listening setup or a standardized
listening room.

One approach for further mitigating the eléct of the room on sound reproduction
is to use loudspeaker calibration?]. Speaker calibration uses a calibration filter
based on an on-site measurement of the loudspeaker setup. Historically, this has
been done by using analog graphic EQs to counteract any peaks and troughs in
the frequency response of the whole listening setug].[ A modern solution is to
use automated loudspeaker calibration software that tailors the equalization with
little human interaction. Various commercial products utilize dilérent methods for
calibration. For example, one such product measures the room impulse response
in the listening position to calibrate their loudspeakers4], while another product
uses multiple points around the listening position to create an average correction for
optimizing the loudspeakersy].

While used by many in domestic and professional domains, current state-of-the-art
loudspeaker correction has a significant defect. While correcting for the coloration of
the converter, amplifier, cables, loudspeaker and average or approximate acoustical
imprint of the room, the listener’s position significantly alécts the perceived sound
[2] [1, p. 515]. This elect is caused by the room dimensions and construction,
irregular surfaces inside the room (e.g., furniture) and the directivity pattern of
the loudspeaker. Room modes, caused by standing waves that form based on the
room dimensions, are a collection of resonances that either amplify or reduce the
perceived sound level in narrow bands of frequencies, depending on the listener’s
relative position to the room dimensions. These peaks and nulls behave in a seemingly
sporadic manner as the listener moves within the room. Similarly, furniture and



other inconsistent surfaces create reflections that cause a multitude of filtering elécts,
further unbalancing the frequency response. In addition, every loudspeaker has
significant coloration, depending on the direction of the loudspeaker with respect to
the listener [1, p. 463-511]. This directivity generally manifests itself as an attenuation
of the high frequencies when the listener moves to the side of the speakers.

Some methods have been developed for localized audio reproduction. A linear
loudspeaker array was used for dynamic audio reproduction i6] [by tracking a
moving head in front of 28 loudspeakers. The authors used a Microsoft Kinect
to track the head in space and created dynamic filters to create listener-adaptive
audio reproduction. In [7], room reflection compensation for a similar loudspeaker
array was studied. This system also uses the user’s position with respect to the
loudspeaker array to work. However, to the best knowledge of the author, no studies
have attempted to use spatial tracking of the user to calibrate a stereo loudspeaker
setup.

In order to mitigate this apparent issue, this work aims to develop software for
tracking the user in a 3D space by implementing spatial tracking for the measurement
and calibration system. This tracking system uses a depth-sensing camera to track
the measurement process and the listener in three dimensions in real-time. The
loudspeaker is calibrated based on the measurements for each spatial position using
a standard whitening process with a state-of-the-art multi-band graphic EQB]. The
measurements are verified by testing the equalization in the measurement positions
to establish the accuracy of the method. A program is implemented to test the
correction in real-time, though significant subjective tests will not be performed due
to time constraints.

The rest of the thesis is organized as follows. Chapter 2 defines the basics of room
acoustics. Chapter 3 discusses the current state-of-the-art loudspeaker calibration
and graphic equalization. Chapter 4 presents a novel loudspeaker calibration method
using object tracking in detail. Chapter 5 shows the real-time implementation of
the calibration. Chapter 6 defines the methodology of the measurements for the
calibration system. Chapter 7 presents the measurement results and analysis. Finally,
the thesis is summarized in Chapter 8.



2 Acoustics and loudspeaker calibration

In this section, the basic concepts in room acoustics are explained as they relate
to loudspeaker correction. The main focus of the discussion will be on factors that
contribute to changes in the average frequency response of a loudspeaker system.
The section is organized as follows. First, the field of room acoustics is defined.
Second and third, an introduction to room modes and reflective surfaces is provided,
along with common acoustical treatment options. Finally, the elécts caused by the
loudspeaker’s directivity are examined.

2.1 Room acoustics

Room acoustics is the field of acoustics that characterizes the relevant factors that
define how sound behaves inside a room. Room modes and reflections are the main
factors that contribute to room acoustics. Minor causes include air temperature,
pressure and humidity 9, p. 472].

One of the first times the mathematical models of room acoustics were used to
analyze and improve the acoustics of a room was in 1895 when Wallace Sabine was
asked to come up with changes to a lecture room to help with its acoustical properties.
Sabine’s contributions to room acoustics laid the groundwork for future research in
the following century. One may recognize his name from his namesake equation, the
Sabine equation. Later in 1900, Sabine helped plan the Boston Symphony Hall's
room acoustics, which is still revered as one of the best sounding concert halls to
date [10].

The models described by room acoustics assist in designing the room’s acoustical
properties for the intended purpose. Designs range from churches with long acoustics
so-called studio dead rooms with slim to no coloration or reverberation. These
designs require a dilérent approach: where long concert halls preferably have a long
reverberation time and multiple dildsing surfaces, an anechoic chamber will target
absolute absorption of sound hitting the room’s walls1f1].

While oléring useful applications, room acoustics also describes dildult to
overcome issues—for example, standing waves inside a room cause room modes
to occur. Room modes are resonant frequencies of the room. Depending on the
relative position of the sound source and the receiver, these resonant frequencies
can appear either as having high sound levels or no sound at all - and anything in
between. Common ways to combat these resonances include designing the surfaces
to be nonparallel to each other, adding sound absorption to strategic locations and
using loudspeaker calibration.

Another issue detailed by room acoustics is reflective surfaces. Every surface
reflects and absorbs sound depending on its acoustical properti@g| [9]. In practice,
harder surfaces reflect more and softer surfaces pass sound through [After passing
into a medium, the sound gets absorbed depending on the acoustical properties of the
material. Light materials absorb little sound where dense materials (yet not too dense
to become hard and reflective) absorb more. Units of acoustically absorptive material
are commonly called acoustical panels. Acoustical panels are used to improve the



room’s acoustical properties based on the user’s criteria.
These two aspects (room modes, reflective surfaces and loudspeaker directivity)
of room acoustics are discussed in more detail in the following sections.

2.2 Room modes

Room modesare resonances caused by standing waves inside a closed saah |

10]. The sound reflecting from walls, floor, or ceiling can create looping paths around
the room. Room modes form when the distance travelled by the looping sound
waves equates to the wavelength (or its multiple) of the frequency. When excited, a
resonance forms a field of high and low sound pressure areas inside the room (hereby
referred to aspeaks and nulls Following a sinusoidal pattern between the peaks
and nulls, the sound pressure level goes up and down as the receiver moves inside
the field. This phenomenon is illustrated in Fig.1
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Figure 1. Peaks and nulls of a room mode. (Adopted froni4].)

In a cuboid room, resonances consist of three dilérent types of modes: axial,
tangential and oblique.

— Axial modes are caused by two parallel surfaces (walls or floor and ceiling).

— Tangential modes are caused by two sets of parallel surfaces (all walls, two
walls and floor and ceiling).

— Obligue modes involve all six surfaces of the cuboid.

In the normal hearing range, in a standard-sized room, these modes are numerous.
The axial modes alone constitute resonant frequencies between three dilérent sets of
parallel walls, floor and ceiling. As mentioned before, the resonant frequencies are
based on the wavelength of the sound. If the distance between the two walls (for axial
modes) coincides with the wavelength of the frequency, it creates a standing wave
and thus causes a mode. The distance and wavelength coincides at integer multiples
of the wavelength (i.e., following the harmonic series), creating a multitude of modes
only from two parallel walls. These modes occur disproportionately as separate room



modes rather than many overlapping modes below a cross-over frequency. Schroeder
famously presented the formula for this15|:

T
F =2000 v
whereT is the reverberation time for 60 dB decay and is the volume of the room.
This cross-over frequency falls between 200-300 Hz for the rooms in the experiments
conducted in this research.

2.3 Reflective surfaces

Room reflections aléct the frequency balance of the room in two ways:

1. Partial absorption and reflection of sound waves. Upon hitting a surface,
a sound wave gets partially absorbed and dissipatedly (through a similar
process as described in the previous section). The amount of absorption and
reflection is frequency-dependent, causing an uneven frequency response when
the signal is received.

2. Comb filtering. When a sound is completely or partially reflected from a surface,
the direct wave and the reflected wave, or two reflected waves, arrive at the
receiver at dilérent times, generating constructive or destructive interference
at dilérent frequencies [L6, p. 29].

The complexity of the combined reflections from the walls, furniture, objects and
people inside the room can often be too vast to calculate or simulate properly. For this
reason, acoustical treatment often requires a lot of manual labour and measurement
to arrive at a satisfactory result.

Adding to this complexity is the fact that complete absorption in rooms is not
often desirable either. For example, if a room’s primary purpose is to deliver speech
to an audience (e.g., lecture room), room reflections can make the speech more
audible and intelligible [L7]. Audio listening room standard ITU-R BS.1116-1 defines
the reverberation time with respect to the volume of the room\() [18]:

Vi1
0

whereV, is a reference volume 0f00m3. Hence, the amount of absorption and
dilraction needs to be carefully tailored to the specific room and the use case.
Methods of acoustic treatment will be discussed in Sectidh5.

2.4 Loudspeaker directivity

The last considerable factor alécting the loudspeaker’s frequency response with the
listener’'s movement is the directivity of the loudspeaker. Loudspeaker directivity is

a characteristic of a loudspeaker that determines how the loudspeaker’s frequency
response changes with respect to the receiver’'s location around the loudspeaker.



The loudspeaker manufacturer tries to optimize the performance of the loudspeaker
directly in front of the loudspeaker. For loudspeakers used in audio production
and high-fidelity listening setups, this optimization aims at an even power for each
frequency throughout the loudspeaker’s audible range. This manifests primarily as
the ol-axis frequency responses being quieter in the higher frequencies than on-axis
frequency responses.9] p. 273] As shown in Fig.2, this optimal performance is
achieved in roughly the angles fron® to 20. For angles larger or smaller than
this, the frequency response becomes more and more uneven (denoted by more
drastic color gradients when moving along the x-axis). This gradient is caused by
the variable attenuation of sound for dileérent frequencies. Low frequencies tend to
be more omnidirectional than high frequencies.

In this study, we measure the eléct of our calibration system in compensating for
the directivity of a loudspeaker. In free field conditions (i.e., outside or in an anechoic
chamber), other factors such as room modes and reflections are eléctively nullified.
This leaves loudspeaker directivity as virtually the only contributing factor to the
loudspeaker’s frequency response (excluding the intrinsic frequency response that
the loudspeaker itself has). To achieve free field conditions, the tests are performed
in an anechoic chamber.

Direchraty sonagram

200 500 1k 2k Sk 10K 20k
Frequency (Hz)

Figure 2: Example directivity sonogram of a loudspeaker. A sonogram depicts the
sound intensity with respect to the listening angle for a frequency range. (Adopted
from [19].)

2.5 Acoustic treatment

The main way to combat room resonances and surface reflections is acoustical
treatment [16]. Acoustical treatment of a room is the installment of material with
acoustical properties that benefits the end users use ca&&|[ The use case heavily



dictates the treatment that the space requires. The function of acoustic treatment
can be organized into two categories:

1. Room mode control aims to control room modes and, in most use cases, suppress
them [16, p. 12].

2. Echo control aims to control reflections with absorbers. Echo control can be
divided further into two separate areas, reflection suppression and dildsiod§,
p. 6].

A common form of acoustic treatment is acoustic panels. Acoustic panels can
take the form of absorbers or dilisors. Absorbers work by absorbing the energy
of the sound waves, whereas dilusors distribute the sound waves more eved@,
p. 6-22]16, p. 23-32].

A typical mechanism for absorbers’ function is by a perturbable surface (often
fabric) and a mass of absorption material inside. Both the surface and the material
absorb sound waves based on the material properties of the used substances and
the thickness of the absorber. A thicker absorber extends lower into the frequency
spectrum in its absorptive capabilities 16, p. 129].

Dilusors work by a dilérent principle. They are constructed with unevenly spaced
hard surfaces, often with mathematically optimized configuration2[)]. Rather than
absorbing sound energy, they spread the sound waves in dilérent directions depending
on their frequency and angle of incidence. This operation eliminates perceptible
echoes (e.g., flutter echo) and reflections while still leaving the space sonically lively.
However, dildsors only work in a defined frequency range, often much smaller than
the human hearing range. For this reason, they are best constructed with the
consideration of the use case and the room itselfg p. 237].

Acoustic panels remain the prevailing way to acoustically treat any space due
to their el@ctiveness in treating the room modes and the reverberation of a room.
However, acoustic panels host a plethora of practical dilGulties. First, they can be
expensive. Second, panels eléctive in lower frequencies Z50Hz) need to have a
thickness of over 20 cm to properly absorb the sound (as seen in Fy.so their imprint
on the functional area of the room can be significant. Third, due to the complex
nature of room acoustics, eléctive room treatment often requires a professional to
guantify and orchestrate the necessary treatment, which can significantly increase the
overall cost of the treatment. Lastly, with acoustic treatment, one can only achieve
a relatively even frequency response from stereo loudspeakers. These downsides
illuminate why loudspeaker calibration remains a relevant augmentation to traditional
acoustic treatment.

Finally, the room construction itself can be thought of as acoustic treatment.
A predetermined specification for the room’s acoustical properties can be achieved
by manipulating the dimensions and the materials used in the room’s construction
[22]. Often sought after properties require rooms to have a low amount of parallel
surfaces 23). Other theories predict the parameters of the room in a more nuanced
way. One such predictor is the Bolt-areaZ4], which defines a set of parameters in
three dimensions (length, width, height) where the room dimensions will result in
more evenly distributed room modes.
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Figure 3: Thickness of an acoustic absorber with respect to the absorption in dilérent
frequencies. (Adopted fromZ1].)

As with acoustical treatment, building a room solely around acoustics can be an
expense most people can not have. Therefore other more accessible options should
be studied.

2.6 Calibration of a loudspeaker setup

Speaker calibration is a method of accounting for any disturbing or hindering factors
that alect the frequency balance of a system. It often refers to the equalization of
loudspeakers (to achieve a desired, most often flat, frequency balance) or delaying
the signal fed to one or more of the loudspeakers (to achieve equivalent arrival time
of the sound from all loudspeakers).

The prevailing axiom for achieving a neutral frequency response from loudspeakers
Is to have the response be flat at the listener’s position when the listener is not
present. The human ear, head and torso contribute to the response in a way that is
already natural to the listener. Hence their el@ct is not considered when trying to
construct a flat response from loudspeakers. A measurement microphone is used to
determine the response and thus the required calibration of the loudspeaker system.

The loudspeaker’s frequency response describes the output spectrum of the loud-
speaker. It represents the levels at which each frequency plays from the loudspeaker,
should the system be input a signal with an even level across all frequencies. To
determine the frequency response, one may use any predetermined signal. Common
signals for loudspeaker frequency response determination include white nolsg [
p. 63] and an exponential sine-sweef4].

After determining the loudspeaker’'s frequency response, a target response is
decided on. Often times this target response is flat, meaning that the output



response matches the input response as close as possible. To achieve the target
response, an EQ is inserted into the signal path. This EQ aims to correct any linear
coloration present in the output signal.

In theory, the output response is analyzed by determining a mean volume level.
After this, deviations from the mean volume level are determined for each frequency.
These deviations are then reversed. Lastly, the equalizer is used to match the
resulting inverse response as close as possible. However, in practice some tweaks
to the algorithm are often made. As is shown in the results, attenuating amplified
frequencies (peaks) is easy, but boosting phase-cancelled (nulled) frequencies is hard.
Therefore one might want to stick to only attenuating problematic frequencies that
are too loud rather than boosting ones that are too quiet.

Room modes and reflections have an eléct on the frequency balance of the listening
setup through multiple prevailing ways outlined in Sectior2. The mechanisms by
which loudspeaker calibration aids in achieving an improved frequency balance might
not be immediately apparent due to the prevalence of these counteracting mechanisms.
However, if we look closely at the situation at hand, the way improvements are
achieved becomes more evident. While it is true that a single standing wave can
result in either a boost or an attenuation of the frequency of that standing wave,
and that in the case of a perfect cancellation, the sound intensity is impossible to be
turned up to the reference level, it is also true that in practice the sound arrives to
the listener through more ways than just one. Our conjecture is that sound from
reflected surfaces and directly from the loudspeakers can re-amplify the frequency
cancelled by a standing wave.

Moreover, if a standing wave from an orthogonal dimension (one that is not
phase-cancelled in that position) happens to coincide with a cancelled frequency (i.e.,
if the room dimensions are such that multiple standing waves emerge in one spatial
position in dilérent phases), the sound intensity may increase for that frequency if it is
boosted with an EQ. Furthermore, the peaks occurring at room resonance frequencies
can often be suppressed simply with an EQ. The same thing applies with comb
filtering: multiple virtual sources of sound can make the sound frequency arrive in
more than two distinct phases, resulting (more likely than not) in a perceivable sound.
Lastly, partial frequency-dependent absorption of sound waves can be counteracted
with an EQ inverse to the eléct that the absorption imposed on the sound.

Although this theory (with its pros and cons) applies when we assume a spatially
static receiver, the matter gains a new dimension when observing a moving receiver.
Due to the complexities of the aforementioned mechanisms being at interplay in every
room (standing waves, comb filtering, partial absorption, loudspeaker directivity),
the receiver's movement might render the equalization useless or even have them
rectify the perturbations in the frequency balance. For example, the sound intensity
of a single standing wave can be null or amplified depending on the listener’s position.
[9, p. 449-477] So when a loudspeaker calibration attenuates a peak at a certain
frequency in a certain spatial location, the same calibration might attenuate a null at
that specific frequency in another location. A dilérent movement-induced alteration
is when the comb filter frequency spectrum moves up and down in frequency when
the phase relationship of direct and reflected sound gets varied by the movement of
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the receiver. L6, p. 29] Another such eléct is with the directivity of the loudspeaker’s,
wherein the loudspeakers frequency response changes depending on the angle at
which the listener is with respect to the loudspeaker®[p. 273]. Finally, by moving
closer to a partially absorbing surface (that is, one that absorbs dilérent frequencies

in dilérent proportions), the receiver will perceive higher sound energy at frequencies
that the surface reflected and lower sound energy at the frequencies that the surface
absorbed. For these reasons, a variable loudspeaker calibration system is proposed,
implemented and studied in this thesis.
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3 User-position based loudspeaker correction and
graphic equalization

Figure 4: A stereo graphic EQ built into a power amplifier of a sound system.

Audio production studios and high fidelity audio seekers have been trying to achieve
as flat a frequency response as possible even before the widespread uBagital
Signal Processing (DSP) in the area. Commonly, a multi-band graphic EQ (such as
the one depicted in Fig.4) was used to even out variabilities in the room’s frequency
response 3]. With the increase in processing power of DSP chips and advances
in the research (for example the discovery of thBwept-Sine Method (SSM) that
increased the accuracy of frequency response measuremezip,[companies started
making products that allowed for a more automated and reliable way to balance a
loudspeaker setup. A computer would be involved in the measurement, and it would
automatically calculate the response of the loudspeakers based on a measurement.
Some companies (e.g., Genelec) included the DSP chips inside their loudspeakers
to circumvent a host computer from the process, although one would still often be
needed for the calibration process even to this day. This way, the user's computer
would not have to use its processing power to equalize the sound going through the
loudspeakers4]. Moreover, the calibration would always be present, should the user
not want to use a computer (for example, in a home theatre listening setup).

Other companies started making external units for the measurements and the
DSP (for example, Trinnov ST-2) R6]. Finally, in recent history, room correction
software for the host computer (for example, Sonarworks Referenég)fas gained

popularity.
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3.1 Variable loudspeaker calibration

To this date, the prevailing way to calibrate a loudspeaker setup has been to use
a static EQ (be it analog or digital) that counteracts any unwanted coloring of
the frequency spectrum. In the previous section, we discussed the downsides of
using calibration in this manner: the movement of the listener may render the
EQ useless or even detrimental in terms of coloration of the frequency spectrum.
Variable loudspeaker calibration refers to changing the corrective equalization of the
loudspeakers to correspond to the position of the receiver. In our hypothesis, this
should mitigate some of the aforementioned problems arising from the movement of
the receiver. In this thesis, we implement a variable calibration system that tracks the
user’s location in space and applies the corresponding equalization to the outgoing
signal.

For individual points, calibration is done by feeding a known signal (often a
signal with equal power across the frequency spectrum) to the loudspeakers and
measuring the output (see Sectio2.6 for more detail). In this study, we use the
SSM outlined by Farina to measure the frequency responses in all experimer2§].[
With this method, a sine sweep, increasing exponentially in frequency, is fed into the
system and recorded with a measurement microphone. The measured output is then
deconvolved to extract the frequency balance of the system.

After the analysis, a whitening EQ counteracting perturbances in the frequency
balance is inserted into the signal chain. A digital graphic EQ designed by Liskt
al. [8] is used to extractInfinite Impulse Response (lIR) coeldients with low error
in inter-band crossover error. In an ideal scenario, this method should whiten the
frequency balance of the loudspeaker system. However, many issues arise when we
venture into real-world scenarios as is shown in Sectidn

Aside from the GEQ for the individual points, the process involves object tracking
using an Intel D415 depth-sensing camer2T7] (depicted in Fig. 5) for the color and
depth information, ArUco markers R§ [29 and OpenCV B(] for the measurement
process, a C++ library dlib [31] for face tracking in playback, loudspeaker measure-
ment with a measurement microphone in a 3D mesh, and either olihe (for testing
the performance of the system) or real-time audio processing.

Three programs were developed for dilérent purposes:

1. A Python based program was used for measurements. This includes measuring
the initial conditions of the room in a 3D mesh and measuring the correction
system itself B2].

2. A Matlab script was used for generating the IIR coeldients from the measure-
ments of the initial conditions in the room and for analyzing the data after the
correction [33.

3. A real-time application was developed for showing the real-time calibration
using JUCE, a C++ audio framework [34] [35].

ArUco markers developed by Rafael Mufioz and Sergio Garrido were used to
accurately extract the position of the measurement microphone in the measurement
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and testing phases. ArUco markers allow estimating the position and the rotation
of printed black-and-white markers (various such markers are depicted in Fi),
although the information about the rotation of the marker is not used in the version
of the program studied in this thesis.

99 mm x 20 mm x 23 mm

Figure 5: The Intel D415 depth-sensing camera used for getting the color and depth
information for the measurements and playback. (Adopted fron2[].)

Object tracking (ArUco & dlib) is used to ensure shared coordinates between
measurement and the corresponding correction positions. In the Python program
we used ArUco markers in conjunction with an open-source Python library called
OpenCV. ArUco markers provide a reliable way to extract an object’'s position
by sticking the marker to the object itself. In the real-time implementation, an
open-source C++ library dlib provided the necessary functionality with low enough
latency for real-time audio for face tracking. It should be mentioned that since a
dilerent method was used for the tracking of the microphone in the measurement
and testing process and tracking of the face in the real-time audio playback, the
performance of the correction method in the dilérent scenarios might be dilérent.
However, it should be trivial to match the outputs of the tracking frameworks, but
such matching is not done in this thesis.

The measurement of the loudspeakers is done through three dilérent loudspeaker
models (Genelec 8331, Genelec 8260A and Genelec 8250A). The audio (3-second
swept-sine from20Hz to 20000Hz) is D/A-converted by Focusrite Scarlett 2i2 3rd
generation audio interface and fed to the loudspeakers.

For the anechoic chamber tests (SectioB.l) and the listening room tests (Section
5.2), a GRAS 46AF 1/2” measurement microphone along with a GRAS Type 12AG
Power Module (8ch.) was used for the measurements. For the recording studio tests
(Section5.3), a Sonarworks Reference measurement microphone was used.



14

Figure 6: Examples of ArUco markers. (Adopted from36)].)

3.2 Real-time implementation of variable loudspeaker cali-
bration

Implementing a real-time solution to loudspeaker correction is paramount to having
the correction be evaluated subjectively. Excessive delay in the system could result
in the wrong corrective equalization to be applied to the signal, potentially adversely
alécting the frequency spectrum’s perceived evenness. Some delay will always be
present in the system, however. The delay caused by the the audio bulér alone for
a buler size of 256 (44.1 kHz sample rate) is 5.8 milliseconds. For this application,
low audio bulér sizes and proper audio drivers typically used for audio production
should be used.

To program the implementation, C++ was used along with the JUCE framework
(Jules’ Utility Class Extensions) B5. JUCE was used because it contains the
necessary classes and functions for implementing a real-time audio application and
because it is commonly considered reliable for real-time audio applications.

The program consists of two main components: object tracking and audio pro-
cessing. Object tracking is used to find the position of the user’s head in the 3D
space in front of the loudspeakers. An Intel D415 depth-sensing camera is used to
provide the video and the depth stream. An open-source C++ library dlib is used
to extract facial landmarks from the RGB video stream. These landmarks could
then be used to extract the distance of the user from the camera. After the user’s
position is found, the information of the current filter parameters is relayed to the
audio processing block. A general outline of the program’s structure can be found in
Fig. 7.

In the audio processing block, one-third octave band filters corresponding to
the user’s current position are applied to the incoming signal. If the user’s position
changes enough for the corresponding correction to change, the program will use a
fast crossfade from the previous correction to the current one to prevent artefacts.
In more sophisticated implementations, proper state variable filters could be used
in conjunction with filter gain interpolation (between the previous and current
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correction) to achieve a better outcome. After the signal has been processed, the
audio is sent to the loudspeakers.

Figure 7: The structure of the program.

The program reached a ’proof-of-concept’ -stage, but did not progress beyond
that. Many improvements, bug fixes and optimizations need be made before we
would consider the program to be fully functional for research purposes.

3.3 Graphic EQ

A digital graphic EQ, designed by Liskiet al., was used in this study. §] This EQ
takes the desired EQ gains as function parameters and outputs a set of IR coeldients
that will accurately generate those gains in the predetermined frequencies.

A common misconception regarding graphic EQs is that the individual bands
of the EQ are not fundamentally intertwined, that is, thinking that boosting one
frequency band will produce the stated amount of gain for that frequency. However,
the EQ bands have crossover regions extending beyond what a naive user might
consider their specified frequency range (e.g., from one center frequency to the next).
Therefore it is not trivial to produce a premeditated curve with a graphic EQ by
stating how much attenuation or gain one wants for each frequency. The gains do
not always match the user’s input for the center frequencies and the error can be
significant even for frequencies far from the center frequencies.

In their research, Liskiet al. propose a novel method of generating IIR coelGients
based on predetermined gains at 31 one-third octave bands (their research also does
this for Bark-bands, although these are not used in this study). The method uses
an interaction matrix that contains information about how much each band leaks
to other bands. With this information, the application can produce a set of IIR
coeldients with vastly reduced errors for each band’s gains. After the interaction
matrices have been calculated, finding the gains is relatively fast and outperforms
(both in speed and, in some cases, accuracy) what is, to their knowledge, the most
accurate parallel graphic EQ. The frequency response generated with this method is
accurate to the user’s specifications and that generating the frequency response is
computationally fast.

One might suggest the use of FIR EQs for this study. FIR EQs are an eléctive
tool at generating exact frequency responses from specifications and would thus be
a good candidate for loudspeaker correction. FIR filters are also able to realize a
linear phase response. However, FIR EQs also come with downsides. First, they
are computationally less eldient than IIR EQs and thus might not be feasible for
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real-time applications. Second, especially linear phase FIR filters cause delay and
pre-ringing [37, p. 20]. The performance of FIR filters in terms of producing a flat
loudspeaker system frequency response and computational eldiency of using such
filters in this system could be a part of future research on this subject.
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4 Methodology

The primary aim of this study is to quantitatively assess the eléctiveness diser
Position-Based Loudspeake€Correction (UC), the method developed by the author
for this thesis.

To evaluate the performance of the UC and other related methods (namely a
static method of correction (SC), UC with a lower mesh resolution we caNearest
Neighbour Correction (NNC) and methods using interpolation of the filter gains), a
testing program was created. This program is the same as the measurement program
with one key dilérence: the sweep being played through the loudspeakers into the
measurement microphone has been equalized through the UC. The full testing
routine can be characterized by four steps:

1. Measurement. The user uses the measurement program to get the location-
specific swept sine responses.

2. Equalizer filter design. The user runs a Matlab script to calculate the one-third
octave band filter coeldients either on the location of the measured sweep or
an interpolated version from multiple locations.

3. Testing. The user runs the test program using the previously generated gains.
4. Analysis. The user analyses the test results.

The test results were measured in three dilérent rooms. By using multiple rooms,
dileérent aspects of the performance of the correction could be isolated. For example,
in the anechoic chamber, the loudspeaker’s directivity is, in theory, the only spatial
variable in the loudspeaker’s frequency response. Therefore, using the method there
isolates the performance of the method for the directivity of the loudspeaker. In an
ordinary room, reflections and modes often alter the frequency response more than
loudspeaker’s directivity pattern, making it dildult to quantify if the correction
method can nullify that change in particular. The three rooms and their primary
characteristics are as follows:

1. Anechoic chamber.

Acoustical properties: Free field, no reflections, floating structure.
Isolated charasteristic(s): Loudspeaker directivity pattern correction.

2. Listening room.

Acoustical properties: A listening room built to the ITU-R BS.1116-
1 standards, Medium amount of acoustical treatment, low amount of
furniture, floating structure.

Isolated charasteristic(s): Correcting the listening setup in a controlled
domestic setting.

3. Recording studio.
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Acoustical properties: An audio production workshop studio, medium-high
amount of acoustical treatment, high amount of furniture, non-floating
structure.

Isolated charasteristic(s): Correcting the listening setup in a professional
audio production workshop.

We performed three quantitative inquiries for the listening room and the recording
studio and one quantitative inquiry for the anechoic chamber. The tests used were
the following:

1. On-location performance. For this test, filters were generated for each measured
location and then tested for performance.

2. Conventional loudspeaker correction performancé&fatic Correction or SC).
Here the equalizers generated from the listening position were also tested in
other points in the mesh.

3. Interpolation performance. For this test, multiple sets of measurements were
used to compute interpolated filter coeldients. These coeldients were tested
in the intended locations for performance.

For the interpolation tests, we used multiple dilérent interpolation methods as
listed below:

1. Trilinear interpolation. This method takes eight points surrounding the to-be
interpolated point and computes the linear interpolant in the query point 3§].

2. Cubic interpolation [39].
3. Modified Akima cubic Hermite interpolation [40Q].
4. Cubic spline interpolation §1].

These methods were also pitted against SC (using the listening position’s coeld
cients) and NNC (see Sectios.1.1) as the worst cases. The suggested methods, UC,
was used as the best case candidate.

In its current form, UC uses a single microphone for all measurements. Although
this is the norm in loudspeaker calibration, the method itself allows for more flexibility
in this regard: if the distance between the ears of the listener were known, the program
could be developed to use this knowledge to the user’'s advantage. In practice the
program would, in the playback phase, choose to use a dilérent correction for the
left speaker and the right speaker because the left and the right ear is in a dilérent
positions in the room. However, the right ear hears the left loudspeaker as well,
and vice versa, meaning that this development of the program would require further
research into how much of the individual channel’s correction should be influenced
by left ear and the right ear’s position. This knowledge would require both objective
and subjective testing and could be a part of future research.
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Figure 8: The cuboid structure of the measurements. The taxonomy of the measure-
ment points can be seen in selected points. The numbers within the parentheses in
the selected points follow a structure of ([depth], [height], [width]).

4.1 Measurement procedure

The measurements were done in a cuboid mesh depicted in F&). The depth,
height and width of the mesh was 3x3x3 for the anechoic chamber tests (Sectto)
and 5x5x5 for the listening room tests (Sectiob.2) and the recording studio tests
(Section5.3).

Calibration of the measurement program was done by choosing the preferred
listening position. The point was chosen by pointing the camera so that the listening
position is in the center. After that, the distance from the camera is measured either
by an in-program reading or a tape measure. This distance is then input into the
program, after which the video feed calibration is complete.

The program instructs the user to place the microphone to the to-be-measured
position with a red square in the video feed of the program. After this, an ArUco
marker can be placed to determine the distance of the marker from the camera. The
user can match the distance of the microphone to the required distance by placing
the marker on the tip of the microphone. If this does not match the required distance
for that measurement point, the program instructs the user to move the microphone
back or forward. After the user has successfully positioned the microphone inside the
red square and within 1 cm range from the required listening depth, upon placing
the marker on the tip of the microphone, the program turns the aforementioned
red square to green and starts a 5-second timer for the user to get away from the
proximity of the measurement. Figs9and10 depict both the state of the program
where the marker has not been positioned correctly and the state where the marker
has been positioned correctly. After this, a sine sweep is played based on the user’s
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- i
Move forward

Figure 10: Screenshot when the marker is positioned properly.

location, measuring the initial conditions of the room or testing a correction method.
Following this, the program instructs the user to move the microphone to the next
position. This process gets repeated until all of the points are measured. If the user
witnesses an error in the measurement (such as an external sound or a computer
glitch), the measurement positions can be rewound with a button press.

The measurement positions in the 3D mesh (Fig) change depending on three
variables called “X jump”, “Y jump”, and “Z jump”. “X jump” determines the
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leap of the measurement position in the width dimension (left to right), “Y jump”
determines the leap in the height dimension (up to down), and “Z jump” determines
the leap in the depth dimension (front to back). The specific X, Y and Z jumps for

all of the measurements are detailed in the measurement reports in Appendix
Appendix B and Appendix C. In essence, these parameters determine the sub-cuboid
dimensions. The main cuboid is built out of these sub-cuboid. Thus the resulting
shape of the total area where these measurements are made is also altered based on
the above parameters.

On-location performance was tested by running the program and measuring the
output. The purpose of these tests was to gain an understanding of how well the
calibration was working in absolute terms. A conventional loudspeaker correction
method (SC) was implemented and tested in multiple points in the mesh. These
measurements could be used as a benchmark for what the system should improve
upon.

A method using EQ gains from the nearest mesh points (NNC) was also imple-
mented, hypothesis being that this method’s performance would land in between SC
and UC. Late in the research, a mistake regarding NNC methodology was realized.
Therefore, the methodology used for evaluating the NNC needs to be addressed: A
3x3x3 to-be-interpolated mesh of non-corrected data (including nearest neighbor
'interpolation’) was drawn from the original 5x5x5 mesh by choosing every other
point to expedite and simplify the measurement process. After this, the data was
interpolated so that the interpolated points coincided with points in the original
5x5x5 grid. This way, the interpolation correction data could easily be compared to
the data from the non-corrected set and the UC data. It just so happens that reducing
the resolution like this also makes it possible for the nearest neighbor algorithm to
choose the center point (i.e., the listening position) as the point whence the correction
EQ was. In other words, as far as we know the workings of the nearest neighbor
algorithm used, there is a% chance that the nearest neighbor EQ is exactly the same
as SC. In any case, the points in the NNC are as far from the UC point as the
examined SC points. Hence, NNC’s expected performance is, on average, the same
as the SC’s. This is an oversight on the author’s part. Further measurements should
be done to properly determine whether NNC outperforms SC if proper conditions
are met.

Along with the performance tests and comparisons to the two anchor methods
(SC and NNC), EQ gain interpolation was also tested. Although hypothetically
inferior in performance to the UC, interpolation methods have a clear advantage
in practice. Measuring the frequency responses for each point can be very labour
intensive and error-prone in itself. Increasing mesh size to improve the resolution of
the UC grows to impractical proportions when the mesh width, height and depth (as
in, how many points are measured in each dimension) are increased beyond 5 points
for each dimension. Moreover, interpolation could provide a continuous experience
for the real-time application of the user position based loudspeaker correction. The
lack of such continuity is one of the main downsides of the real-time application
at this point in development. The step-wise nature of the correction changing in
real-time is audible for the user and could be viewed as distracting from the benefits
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of the correction method.

A total of 4 dilérent interpolation methods were tested: trilinear, cubic, modified
Akima piecewise cubic Hermite, and spline interpolation. These four interpolation
methods shed light on the overall performance of interpolating the gains for UC.

For all of the measurements, the sweep was played and recorded three times. This
repetition was done in order to reduce any measurement noise. The measurement
was done in either mono or dual-mono (the left and the right speaker separately).

4.2 Measurement result analysis

After the measurements, the results are analyzed in Matlab. For this thesis, dilérent
scripts were made to examine the program’s behaviour in dilérent scenarios. First,
the single-point performance of the UC is evaluated in various points of the cuboid
mesh. This analysis provides a true-to-measurement picture of the performance of
the correction with respect to the initial condition. Examining multiple such points
can give a good overall picture of the performance and unearth some rare features and
pitfalls of the UC. Second, an average of all of the measurement points for a single
loudspeaker is presented. This gives an indication of the general performance of the
correction and can root out big-picture characteristics of both the initial conditions
and the corrected conditions in the room. However, it should be pointed out that
should there be opposing peaks or troughs in single points of either the non-corrected
or the corrected response, these peaks or troughs will be averaged out to zero. This
superimposition might hide some information in the responses, and one should not
examine this data in the same way as one does the single-point performance data.

Due to the iterative nature of this program’s development process, tweaks and
improvements are made to the code and the measurement process throughout the
measurements. This tweaking might be apparent in the results: where the anechoic
chamber tests in Sectiorb.1 show some rough edges in the correction (namely the
program trying to correct below the loudspeakers cuto[fange) as opposed to the
rather error-free results in the recording studio tests in Sectioh.3.

For the most part, the analysis relies on graphs to convey the gathered results
and then discusses any anomalies or other points of interest present in the figures.
However, later in the analysis, we also include decibel range readings (the dilérence
of the highest and the lowest level in a specified frequency range) to deliver a more
robust understanding of the performances of each method. In the listening room
tests, averages of the ranges from all measured points are also presented. Admittedly,
the range can be seen as too simple of a meter for defining the performance of
loudspeaker correction. However, along with the graphs, it should provide useful
additional context in determining the relative dilérences between the methods.

The aforementioned three measurements were averaged. All of the results pre-
sented in this thesis use this averaging.

The graphs have been smoothed with one-third octave smoothing. One-third
octave smoothing calculates an average over one-third octaves around a frequency.
This makes it easier to see an even split of general trends and local peaks and troughs
in the frequency response. It also approximates the human hearing resoluti@d][
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5 Measurement results

In this section, the measurement results from the experiments conducted are presented
and discussed. Three measurement sessions were conducted, and the program, the
measurement procedure and the analysis procedure were refined in between the
sessions.

5.1 Anechoic chamber

Figure 11: Picture from the anechoic chamber tests.

The first measurements were performed in an anechoic chamber in the Acoustics
Lab of Aalto University. The anechoic chamber was primarily used to see if the
system can correct the directivity pattern of the loudspeaker. The anechoic chamber
measurements are depicted in FiglLl

As seen in Fig.D1, the loudspeaker’s frequency response (provided by the
manufacturer) changes depending on the angle at which the listener is at. Namely, an
attenuation at higher frequencies (starting at approximately 200 Hz) can be observed.
Apart from this, multiple < 1dB changes in the frequency spectrum can also be
observed within the operational bandwidth. Range measurements are not provided
for the single-point performance tests or the average performance analysis.

The measurements were done following the measurement procedure outlined
in section 4.1. The detailed measurement report for this test can be found in
Appendix A.
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