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Introduction

Modern smartphones are not used only for talking. They serve us also as a pocket
computer, camera and increasingly as a video recording device. Recording twochannel stereophonic audio with two or more microphones is becoming more frequent. In this way the spatial information can be passed through the recorded
audio. Stereo recording with smartphones has its own difficulties, because the devices are different than traditional video cameras and other recording devices.
In monophonic audio reproduction no directional information is present. By
adding a second channel to the reproduction system, spatial effects can also be produced. With two loudspeakers sound sources can be produced in the space between
with relatively good accuracy. Rumsey has found that spatial fidelity accounts for
30 % of the overall perceived sound quality [1]. Adding the spatial dimension to
audio reproduction can thus be seen as a valuable addition.
Stereophonic sound that contains directional information can be created by
recording sound with two channel stereophonic recording techniques. Stereo recording techniques can be divided into three groups: coincident techniques, near coincident techniques and spaced microphone techniques [2]. In coincident techniques
microphones are placed as closely as possible in the same position, in near coincident
the microphones are placed 3-30 cm apart and in spaced techniques the distance between the microphones bigger. Due to the dimensions of the smartphone coincident
and near-coincident techniques can be implemented in them.
Audio capturing is usually not the main function of a smartphone and thus the
microphones are often not placed in optimal positions for stereo recording. The
non-optimal microphone placement can lead to significant differences in frequency
responses and directional patterns between the recording channels. In smartphones
creative design and signal processing algorithms are needed to achieve good stereo
capturing quality.
Methods to measure the quality are needed in order to ensure and improve the
audio recording quality. Listening tests are the traditional way to assess sound
quality, but they are time consuming and expensive [3]. Relevant instrumental measurements can be used to acquire the same results in a way that is faster and simpler. Several methods to assess timbral aspects exist. Well established measurement
methods are for example measurements of distortion levels, signal to noise ratio and
different speech intelligibility measures. Nonetheless no well-established methods
to evaluate the spatial quality of recorded sound exist. Measurement methods and
instrumental metrics that can be used to evaluate spatial parameters of recorded
stereophonic sound are developed in this thesis.
The developed measurement system is mainly intended to be used in development
of smartphone audio capturing techniques. The measurement setup should be quick
to set up and the measurements themselves should not take too long. The analysis
of the measurements has to be implemented in a way that the calculations provide
relevant relevant information about spatial quality in a relatively short time.
In this thesis there are instrumental metrics developed that can be used to estimate the localization of sound in stereo reproduction that is recorded with a single
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source in a certain direction. The amount of spectral coloration is estimated because
the spatial part counts only for 30 % of the overall sound quality. The measurement method will be developed in a way that additional figures, such as frequency
responses from horizontal angles and directional patterns are provided.
Listening tests will be conducted simultaneously with the development of the
instrumental measurement methods. In the listening test smartphones are evaluated
in terms of capability to maintain directional information and spectral coloration.
The listening test results are used to evaluate the performance and accuracy of the
instrumental metrics that are developed.
The aim is to develop such measurements and analysis methods which are able
to produce diverse information about audio capturing quality and especially spatial
parameters. The intention is not to create a method that would predict the perceived
quality with a single grade. It is intended to create metrics that correlate well with
some single perceived quality.
The thesis is organized as follows. First in section 2 a brief introduction to
sound and hearing is given. In section 3 spatial sound perception and some spatial
audio techniques are shortly described. The perception of different spatial sound
parameters is discussed. Different ways to reproduce, create and record sound that
includes spatial information are presented.
First in section 4 sound quality and spatial quality are defined for the scope
of this thesis. Methods to evaluate sound quality are presented next. Perceptual
listening tests are presented on a general level. Instrumental methods are discussed
with some examples of present methods.
In section 5 all performed measurements and analysis methods are explained.
The section begins with an explanation of the measurement setup that was used and
the measurement procedures. The analysis and calculation of metrics is presented.
In the end of the section the Gage R&R repeatability and renewability method is
briefly presented.
Section 6 begins with the results of the performed listening tests. In the next part
results of the instrumental measurements are briefly listed and discussed. In 6.3 the
results of the listening tests and instrumental measurements are compared. Based
on the comparisons the final measurement model is formed and the repeatability
and renewability of the model is tested with the Gage R&R method. Finally in
section 7 summary and conclusion is given.
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2

Sound

The word sound can mean two different things; either an auditory sensation in
the ear, or the disturbance in a medium that can cause this sensation. In this
section some basics of sound are reviewed. Sound is defined as waves and some basic
properties are discussed. Then the behavior of sound in enclosed spaces is briefly
discussed. In the end of this section some basics of human hearing are reviewed.

2.1

Sound waves

Sound information is carried by sound waves. Sound waves can travel in solids, gases
and liquids. The sound waves studied in this work are longitudinal waves travelling
in air. Possible sources of sound include vibrating bodies, changes in airflow, a
sudden change in temperature and supersonic air flow. [5]
Sound in air is expressed as pressure fluctuations:
p = p0 + p0 ,

(1)

where p0 is the static air pressure and p0 is the fluctuating part of the overall pressure.
Frequency is one of the main terms that can be used to characterize sound. The
simplest type of a sound signal is such where the fluctuating part of pressure p is
oscillating with time:
p0 = A cos(ωt − φ),
(2)
where A is the amplitude of the oscillation and φ is the phase angle. The angular
frequency ω can be expressed as ω = 2πf . f is the frequency of the signal and it
relates to the period of the signal through f = 1/T, where T is the period time
of the signal. The period time T is the time after which the oscillating signal
repeats itself. Almost all acoustic signals can usually be characterized with one or
more representative frequencies. All periodic signalscan be expressed as a sum of
single harmonic components. A periodic travelling wave repeats itself after a certain
distance called wavelength. Wavelength is related to frequency with λ = c/f, where
c is the speed of sound. [6]
There are two important types of sound waves. One is the spherical wave, that
can be created by for example a ball pulsating with frequency f or by a small
pointlike radiator [7]. The pressure of a spherical wave attenuates in an open space
according to the 1/r law.
Far enough from the source when observed on a small surface, a spherical wave
can be approximated with a plane wave [5]. The plane wave plays a central role
in many acoustical concepts. In a plane wave all acoustic field quantities vary with
time and one Cartesian coordinate [6].
When a sound wave meets a surface that is large compared to its wavelength part
of the sound is reflected, part is absorbed and a part continues to propagate in the
other medium. A plane wave is reflected specularly from a hard surface. The arrival
and departure angles are equal. Part of the energy in the sound turns into heat in
the absorbing material and thus the reflected sound is attenuated. Reflection and
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absorption are frequency dependent phenomena. Different frequencies are absorbed
more in different materials. The amount of reflection and absorption of a material
are illustrated with the reflection coefficient and absorption coefficient. [7]
If a sound wave encounters an object which size is of the same order as the
wavelength, the sound is diffracted [7]. In diffraction phenomenon the sound bends
around an obstacle[6]. If the wavelength is much larger than the obstacle, it doesn’t
affect the sound wave. Small wavelengths are either reflected or absorbed and wavelengths of the same size as the obstacle are bent behind it [7].

2.2

Sound in space

In enclosed spaces the sound that arrives at the listener consists of direct sound,
reflections and reverberation [7]. The reflections and reverberation amplify and
color the sound. In enclosed spaces sound is often divided into direct, early and
reverberant sound [5]. Direct sound is the sound that travels directly from the
source to the listener. Early sound consists of the first group of reflections. After
the first group, reflections begin to arrive with small time intervals. These reflections
merge together and are called reverberant sound.
The most important single factor describing the acoustics of a room or hall is
reverberation time [7]. Reverberation time is the time it takes for sound to attenuate
60 dB after the sound source has stopped radiating sound [5]. Reverberation time
depends on the volume of the room and absorption of the materials.
Spaces intended for different purposes have different acoustical requirements.
Sound arriving to the listener should be sufficiently loud and clear and exceed the
background noise [7]. In concert halls for example a lot of reverberation is wanted
because it ensures that everyone in the space can hear the music and it also creates
an enveloping sensation. Respectively in a room intended for electrically reinforced
music only little reverberation is desired.
The critical distance (or reverberation distance) of a room or hall is the distance
at which the sound pressure level of the direct sound and reverberant sound are
equal. Further than this distance the reverberant sound is dominant. [6]
A sound field of only reverberant sound can be called diffuse. Sound in such a
sound field has no localizable direction. By definition an acoustically diffuse field is a
field where every direction of arrival is equally probable and the sounds from different
directions are incoherent with each other. An ideally non-diffuse field is a sound field
where only one single plane wave arrives from a single direction. Diffuseness can
ideally be expressed as the relationship of the energy of diffuse sound and the energy
of a plane wave. This is done the following formula:
Ψ=

E [|Pdiff |2 ]
E [|Pdiff |2 ] + E [|Ppw |2 ]

(3)

[8]. In this thesis the term diffuse sound field is defined as a horizontal sound scene
with many incoherent similar sound sources at multiple directions.
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2.3

Hearing

The human auditory system is a complex system. Detailed studying of the anatomy
of the ear is irrelevant for this thesis. The focus is set on giving a brief review to
what we hear in sound and how we hear it. However, basic knowledge about the
principles of human hearing is required.
The purpose of the external ear is to transform sound pressure in air into sound
pressure at the eardrum. The middle ear couples sound energy to the cochlea.
From the cochlea sound information is passed on to the auditory nerve. [6] Having
two ears makes accurate sound source localization possible. Localization of sound
sources in different directions is mainly based on the differences of sound at the two
ears. Spatial hearing is discussed more later in section 3.1.
Sound waves travelling in air are transformed into mechanical vibrations by the
eardrum [7]. The middle ear transforms the mechanical vibration of the eardrum into
vibrations in the fluids in the inner ear. The process can be thought as impedance
matching between the air in the outer ear and the fluid in the inner ear. [6]
The part of the inner ear that serves hearing is the cochlea [7]. In the cochlea
sound energy is converted into electrical activity in nerve cells. In the cochlea
vibration in the fluids causes vibration in the basilar membrane. Different points
of the basilar membrane are sensitive to vibrations of certain a frequency. The
movement of the basilar membrane results in stimulation of hair cells which then
send electrical impulses to the auditory nerve. [6].
The frequency range of human hearing is roughly 20 Hz - 20 kHz. The exact
frequency range humans hear is individual. The lower bound can be somewhere
between 16 and 20 Hz and the upper bound between 16 and 20 kHz. Sensitivity to
high frequencies tends to drop with age [5]. A logarithmic frequency axis corresponds
better to human frequency separation ability than a linear frequency axis [7].
Small air pressure changes in the audible frequency range are perceived as sound.
Representing perceived sound pressure changes in pascals is impractical because of
the large dynamic range of hearing. The smallest sound pressure change that is heard
is 20 µPa at 1 kHz and the loudest is 63 Pa. Louder sounds are mainly perceived as
a pain sensation. Sound pressure is usually presented as sound pressure level (SPL)
in decibel scale. The zero point of the SPL range is set to p0 20 µPa which is the
threshold of hearing at 1 kHz. SPL is defined as:
Lp = 20log10 (p/p0 ),

(4)

where p is the sound pressure. [7]
Sounds at different frequencies that have the same SPL are not perceived equally
loud. The equal loudness contours are shown in figure 1. Sounds that are on the same
contour produce an equally loud perception. It is seen that as the hearing threshold
at frequencies around 1 kHz - 4 kHz is approximately 0 dB in SPL, respectively at
20 Hz the hearing threshold is 70 dB. Each contour corresponds to one loudness
level. The unit of loudness level is called phon. [6]
All complex sounds that have equal and constant energy but different bandwidths, are perceived equally loud if their bandwidths are smaller than a bandwidth
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Figure 1: Equal loudness contours. Adopted from [6].
called critical bandwidth [6]. Based on the critical bandwidths the Bark-scale is
defined [7]. The critical band is measured in a listening test where a narrowband
noise and a test sound are compared to another noise sound. The bandwidth of the
test sound is broadened and the SPL is kept constant. The bandwidth where the
perceived loudness of the test sound gets greater than the loudness of the reference
is called the critical bandwidth [7].

Figure 2: The notched noise technique used to calculate the ERB-scale. Adopted
from [6].
The ERB bandwidth and the corresponding ERB-scale are another interpretation
of the human frequency selectivity [7]. The ERB-bandwidth can be calculated with
[6]:
ERBN = 24.7(0.00437fc + 1),
(5)
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where fc is the center frequency and ERBN the bandwidth. A masked noise approach
is used in deriving the ERB-scale[7]. A notched masking noise is applied on both
sides of a test signal 2. While the bandwidth of the masking noise is altered the
amount of the heard test signal is studied and this way a selectivity curve can be
created. The ERB-scale behaves logarithmically on a wider frequency range than
the Bark-scale. Later in this work the human frequency selectivity is approximated
with auditory filters based on the ERB-scale.
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3

Spatial hearing and spatial audio

The principles of human spatial hearing are presented in this chapter. Different
spatial audio reproduction and recording techniques are discussed, focusing on twochannel stereo reproduction and recording. The concepts of audio quality and spatial
quality are also defined. Lastly this chapter gives a short overview on subjective and
objective audio quality assessment.

3.1

Spatial hearing

To be able to evaluate the quality of spatial audio recording and reproduction, it is
important to understand the fundamentals of the human spatial hearing system. In
this chapter the human spatial hearing is briefly discussed. A detailed description
of human spatial hearing is presented by Jens Blauert in his book Spatial hearing
[9]. Sound source localization is probably the most important factor in spatial sound
perception and it is thus reviewed in most detail. The other factors that are discussed
are the perception of source distance, width, envelopment and spaciousness.
3.1.1

Sound source localization

Sound source localization in the horizontal plane is based mainly on the differences
between the signals at the two ears [2]. The primary cues that are derived from the
binaural signals by the auditory system are the difference of arrival time and the
level difference between the two ears [10].
When a sound source is located straight ahead (or behind), the sound will arrive
simultaneously to both ears and at same level. As the sound source is moved off
the center axis, the sound has to travel a longer path to the farther ear. The longer
path gives rise to a time difference between the arrival times at the two ears, as
illustrated in figure 3. This time difference is relative to the angle of incidence of
the sound and it is called inter-aural time difference (ITD). ITD can maximally be
approximately 650-800 µs, depending of the size of the head. [2] The longer path and
the shadowing of the head also cause the signal in the further ear to be attenuated.
The level difference is called inter-aural level difference (ILD) [9].
ITDs can be approximated from the angle of incidence with the following formula
[11]:
 3a
at low frequencies
 c sin(θ)
(6)
ITD =
 2a
sin(θ)
at
high
frequencies
c
where θ is the angle between the center axis and the sound source, c is the speed of
sound and a is the radius of the head. The transition from low to high frequencies
is approximately between 500 Hz and 2 kHz [11]. In this work 1.1 kHz is chosen as
the transition value between low and high frequencies [12]. For frequencies smaller
than 1.1 kHz the low frequency version of equation 6 and for larger frequencies the
high frequency version is used.
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Figure 3: ITD for a listener depends on the angle θ between the listener and sound
source, because the path the further ear is longer. Sound also has to bend around
the head to get to the further ear. [2]
ITD values grow fairly evenly as the angle of sound arrival grows from 0 ◦ to 90 ◦ .
Between 90 ◦ and 180 ◦ ITD decreases symmetrically. ILD values depend largely on
frequency and are more irregular than ITDs [10].
According to duplex theory ITDs influence the localization of sounds at lower
frequencies and ILDs have more influence at higher frequencies [13]. At low frequencies the head is not a big enough obstacle to attenuate sound substantially. At high
frequencies the wavelength is smaller than the diameter of the head and the phase
difference of the signals at the two ears can’t thus be confidently judged. Above
roughly 1.5 kHz humans are sensitive almost only to ILDs. Above 1.5 kHz some
ITD information can be attained from signal envelopes.
ITD and ILD cues provide information on the direction where sound is localized
in the horizontal dimension. If the sound comes symmetrically from the front or
back the ITD and ILD remains the same. The same happens if the sound source is
elevated in a way that the angle to the median plane remains unaltered. This leads
to a cone of confusion. Inside the cone ITD and ILD remain the same. With the help
of monoaural cues and head movements the elevation and front back localization of
the sound can be found. [15]
Reflections and resonances caused by the pinna create spectral changes to the
sound at the eardrum. Reflections of the shoulders and other parts of the body
alter the spectrum a little. The direction dependent filtering of the pinna and torso
introduce spectral changes to the signal entering the eardrum at frequencies above
1-2 kHz. The spectral changes provide localization information inside the cone of
confusion produced by ITD and ILD cues. [15]
When the effect of ITD, ILD and monoaural cues are summed, a unique headrelated transfer function (HRTF) for every direction is attained [2]. HRTFs also
contain the information about elevation angle and front - back localization. Some-
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times HRTFs are handled in time domain, where they should be called head-related
impulse responses HRIR. In this work an open HRTF database by Martin and Gardner is used [14]. As an example the HRTFs and HRIRs for both ears of a KEMAR
dummy head at 90 ◦ azimuth are shown below in figure 4. The HRTFs are also dependent on source distance. If the distance is more than 1 m the distance effect can
be omitted [15]. The KEMAR HRTFs used in this work are measured at distance
1.4 m [14].
4
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Figure 4: KEMAR dummy head HRTF and HRIR responses for 90 ◦ azimuth .
Even though HRTFs are personal, there have been found common features for
certain source positions [2]. For example typically the high frequency content is
reduced for sources behind the listener, because of the front facing shape of the
pinna. Some frequency bands have been found where the spectrum is boosted or
attenuated for certain directions. A region near 8 kHz corresponds to overhead
perception. Regions 300 Hz - 600 Hz and 3 kHz - 6 kHz correspond to frontal
perception and regions centered around 1.2 kHz and 12 kHz correspond to rear
perception. Localization with monoaural cues and HRTFs is possible only if the
source signal has enough frequency content [15].
If the delay between the arrival times of two sound events arriving at the ears is
more than 1ms, the sound that arrives first almost entirely determines the direction
of localization. Sound arriving after 1 ms doesn’t affect localization, but it colors
it. This effect is called the law of the first wave front or more commonly precedence
effect. If the latter sound is delayed more than 30-40 ms it is heard as a separate
echo. The precedence effect with two loudspeakers as sound sources is demonstrated
in figure 5. When the latter loudspeaker signal is delayed more than 1 ms the sound
is localized completely to the direction of the first loudspeaker and when the delay is
more than 30-40 ms a separate echo is heard. If multiple delayed sounds or reflections
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arrive in a way that they are not separated by more than the above mentioned echo
threshold, they are perceived as reverberation. [9]

Figure 5: The localization of a virtual sound source as function of arrival time.
Adopted from [9].

3.1.2

Distance perception

The term distance in acoustics means how far an individual sound source is perceived
from the listener. Distance should not be confused with depth, which means the
front - back distance of a perceived sound scene. Individual sound sources may
also be perceived to have depth. [2] The perception of distance is accurate only at
distances smaller than 10m and the sound source is more or less familiar [15].
Blauert lists three different ways to determine the distance of a single sound
source [9]:
1. When the distance between the source and the listener is between 3-15 m only
the sound pressure level of the ear input signals is affected by the distance of
the source. The sound pressure drops 6 dB for every doubling of distance (1/r
law).
2. When the distance is more than 15 m the air resistance begins to cause frequency dependent attenuation. The sound still attenuates according to the
1/r law as with distances 3-15 m, but the air also attenuates the sound. High
frequencies are attenuated more than low frequencies. Thus sound with less
high frequency content is perceived further away.
3. At distances smaller than 3 m the curvature of the wavefront affects the perception. At small distances the head shadowing and filtering effect of the pinna
depend on distance.
The acoustical room effect affects the perception of distance. The more there
is room effect, the further away the sound source is perceived. In other words,
adding reverberation to sound moves the source further away. The presence of early
reflections also affects the distance perception. If no strong early reflections are
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heard, the sound source is perceived relatively near. [15] A smaller time difference
between the direct sound and first ground reflection also pushes the perception
further away [2].

3.1.3

Apparent source width

The extent of a sound source can be perceived in some cases. For example a grand
piano or a sea shore can be perceived broad [15]. Apparent source width (ASW)
and spaciousness are often used to describe the perceived width. ASW is defined
as the perceived horizontal spatial extent of a sound source [16]. Early reflections
(up to 80 ms) have been found to modify ASW of a sound source by broadening the
perception [2].
Interaural cross-correlation (IACC) has been found to relate quite closely to the
perception of ASW. Interaural cross-correlation measures the similarity between the
ear canal signals. If IACC decreases the source is perceived wider. IACC that is
measured in a time window up to 80 ms has been found to correlate best with the
perception of ASW. [2]
Incoherent broadband sound arriving evenly from multiple directions is perceived
to surround the listener and is perceived wide. If the bandwidth is narrower or the
stimulus is short the sound is perceived narrower than the actual source [15]. In [16]
Hirvonen studied the perceptual spatial extent of sound sources. Wide sources were
created by playing back spectrally consecutive, non-overlapping, band limited noise
signals from 9 loudspeakers that spanned a 45 ◦ angle. It was found that the sound
was perceived wide, but always narrower than the actual area radiating sound.

3.1.4

Envelopment and spaciousness

According to Rumsey [17] envelopment and spaciousness are terms that are harder to
grasp than attributes like distance or width, because they are not perceived directly
as linear quantities, but more abstractly and multidimensionally. They both relate to
the degree of the immersion in the sound experienced by the listener. In concert hall
acoustics listener envelopment has been studied comprehensively and it is related to
the impression of being immersed in a reverberant sound field. Envelopment in this
context is related to lateral reflections arriving after about 80 ms and it is regarded
as a positive quality that is experienced in good concert halls [2].
In surround sound reproduction the term envelopment has been used in a situation where the listener is surrounded by a number of dry sources. Sometimes
even a single source is perceived enveloping when it is broadly spread and diffuse
enough to wrap around the listener. This kind of envelopment does not relate to
late reflections. Thus it is suggested that there are three kinds of envelopment. The
first is the sense of being enveloped by a single source. The second is the experience
of being enveloped by multiple sources. The third is the sense of being enveloped
by reverberant sound. [17]
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3.2
3.2.1

Spatial audio reproduction
Two-channel stereo

Two-channel stereophonic reproduction is the most used listening setup for reproduced audio [18]. The two-channel stereo format was patented in the beginning of
the 1930s by Blumlein [19]. In the 1960s the two-channel stereo format overtook
the monophonic reproduction format and has been the most used audio reproduction format ever since [20]. Most of today’s available music and television audio is
produced in this format.
In the two-channel stereophonic setup there are two loudspeakers placed in front
of the listener. The two-channel stereo setup can be considered as the entry point
to spatial audio, since it is the smallest reproduction setup capable of producing
spatial effects. The loudspeakers are typically placed at ±30 ◦ from the listeners
viewpoint. The standard stereo setup is illustrated in figure 6, where θ 0 is the angle
between the listener and the loudspeaker and θ the direction of the perceived virtual
source. [21] In a setup like this phantom sound sources can be produced inside the
arc defined by the two loudspeakers. If the loudspeakers are placed at a wider angle
than ±30 ◦ , the phantom sources become less stable and the system becomes more
sensitive to head movement [2]. In two-channel stereo loudspeaker listening, the left
ear hears also the signal of the right loudspeaker and the right ear the signal of the
left loudspeaker. This is called cross-talk [15].

Figure 6: The standard two-channel stereo reproduction setup.
With traditional methods, with a two-channel stereo setup it is possible to create
spatial effects in front of the listener. This results from the fact that sound can be
perceived only from those directions that are between the loudspeakers. [20] Due to
precedence effect the stereo image collapses to the nearest loudspeaker, if one moves
away from the ideal listening position [2]. Two-channel stereo is only a loudspeaker
layout format and thus it is the signal fed into the system that is responsible for the
creation of spatial cues.
In loudspeaker listening the characteristics of the room have a considerable effect on the perceived sound. Reflections from room surfaces and furniture color
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the sound and they also add room effect. One could think that an anechoic room,
where only the direct sound of the loudspeakers is heard, would be an ideal listening
room for loudspeaker listening. In reality an anechoic room is in most cases not a
good listening environment. An anechoic room is unnatural and tiring. Different
listing applications have their own optimal listening environments. Electrically reinforced music is usually listened in rooms that are not overly reverberant neither
too damped. Reflections should be present in a controlled way and the room should
also scatter sound. A suitable amount of reflections hides the smallest flaws in the
reproduced sound and helps to produce a natural sense of space. Most listening
tests and tuning of audio techniques and material should be done in a room that
has similar acoustics than a traditional listening room. [2] In the ITU-R BS.1116-1
recommendation “Methods for the subjective assessment of small impairments in audio systems including multichannel sound systems” [22] a listening room is defined
that is adopted as the standard used in most listening tests.
3.2.2

Two-channel stereo with headphones

Two-channel is the most common audio format today and it is almost exclusively
made for loudspeaker listening. When listening to two-channel stereophonic material
over headphones, the crosstalk that is present in loudspeaker listening is missing
[15]. The effect of the listening room is also missing in headphone listening. This
makes headphone listening greatly different from loudspeaker listening. Without
any additional processing sound is often perceived to come from inside the head.
Directional information can be added by applying HRTFs of different directions
to the sound. Sound sources can be positioned around the listener with HRTF
processing before feeding the signal with headphones to the ears of the listener. This
kind of processing is often called binaural audio and it can be used to externalize
sound outside the head [2]. The possibilities and limitations of Binaural audio are
discussed in the next chapter.
3.2.3

Binaural audio

Spatial effects can be introduced to two-channel listening with binaural techniques.
Pulkki et al [15] describe binaural techniques as methods which aim to control the
sound in the ear canals directly to match a recorded real case or a simulated virtual
case. This can be done with binaural recordings or by modeled HRTF-functions and
effects that model the listening space. A sound source can be simulated in a specific
direction by applying the HRTFs of that direction to the two signals and feeding
them straight into the ear canals.
When binaural techniques are used the channel signals are meant to be heard
only in the ear on the same side from where the signal is played back [15]. Cross-talk
spoils the spatial effect when binaural signals are used because the left ear receives
a signal that contains the HRTF of the right ear and vice versa [2].
To be able to listen to binaural recordings with loudspeakers cross-talk cancellation has to be applied. Kirkeby et al [25] have proposed a method that uses crosstalk cancellation for binaural listening with loudspeakers. Time domain simulations
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suggest that the two loudspeakers should be placed very close together. However,
when the loudspeakers are brought closer together, effective cross-talk cancellation
at low frequencies gets harder. A loudspeaker span of ±10 ◦ is found to be a good
compromise.
The ideal listening area is very small in cross-talk cancelled binaural loudspeaker
reproduction. The effect is lost right away if the listener moves away from the
ideal listening position. Even though the sound is typically externalized with this
technique, the sound usually stays in front of the listener. Also room reflections
have a great influence on the listening experience. [15]
A major problem with binaural reproduction is that the HRTFs are individual
and differ greatly between different listeners. To get the best results the HRTF of
every user should be known. It is hard to find generalized HRTF-functions that
can be used for the majority of people. Head movements are another issue that is
problematic in binaural listening, especially with headphones. When the head is
turned the listener expects the direction of the perceived sound to change. But with
headphones and binaural signals the perceived direction moves along with the head,
causing confusion. Head tracking is one answer to the head movement problem.
With head tracking the HRTFs can be updated in real time and the virtual source
stays in the correct direction. [2]
3.2.4

Multiple loudspeaker layouts

The first system that has been recorded to use surround sound is the Fantasound
system, that was used in road-show presentations of the film Fantasia released in
1940 [26]. The Fantasound-system included three audio channels that could be
panned to a number of loudspeakers [2]. During the years numerous multichannel
setups such as, 3-channel stereo and 4-channel quadraphonic have been proposed,
but they haven’t received commercial success [2].
The only widespread commercially used multichannel system is the 3/2 stereo
system (often called 5.1 surround) [20]. The layout consists of three front channels
(left, center and right), two surround channels and an optional low frequency effect
channel [2]. The layout is defined in ITU-R BS.775-1 [21] and presented in figure 7.
The 3/2 layout is capable of producing a good sense of envelopment and diffuseness [20] [27]. It is capable of producing accurate and stable virtual sources only in
front of the listener, because the angle between the front and surround speakers is
too large [2]. Better quality can be achieved by extending the 3/2 system by adding
more loudspeakers [15]. The 7.1 - layout is also proposed in ITU-R BS.775-1. The
difference to the 5.1 layout is that two rear loudspeakers are moved further to the
back and two side channels are added. [21]. Also 7.2 and 10.2 loudspeaker setups
have been proposed [2]. The DTS Neo:X is a 11.2 surround system that adds 2
width channels at ±60 ◦ and two height channels above the ±30 ◦ channels. The
width channels expand the frontal soundstage and the added height channels deliver discrete effects to the vertical direction and elevate ambient sound to a third
dimensional space for more depth. [23] The DTS Neo:X is the is currently the system with the most channels that is made commercial. Even 22.2 channel systems
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Figure 7: The standard 3/2 stereo loudspeaker layout. Adopted from [21].
have been studied and proposed [24].

3.3
3.3.1

Spatial audio techniques
Source positioning

The most frequently used technique to create spatial effects is to position virtual
sources by amplitude panning. It basically means that a monophonic sound is fed
into the two loudspeakers with different gain factors. A virtual source is perceived
in a direction between the loudspeakers, which is dependent on the gain factors.
[15].
If the listener is located in the ideal listening position, the perceived angle of the
virtual source can be estimated by panning laws [15]. Outside the ideal listening
area the virtual source is localized in the direction of the nearest loudspeaker, due
to the precedence effect [15]. Many different panning laws have been proposed, for
example the sine law [28], the tangent law [29] and the panning law by Chowning
[30]. The tangent law was derived by Bennet et al, by improving the head model
used to derive the sine law. The tangent law is defined with the equation:

17

tan(θ)
g1 − g2
=
,
tan(θ0 )
g1 + g2

(7)

where θ is the angle of the phantom source, ±θ0 the angle of the loudspeaker pair
and g1 and g2 the gains to be applied to the loudspeaker channels. The tangent
law has been found to match best with perceived sound source angles [18]. The
panning laws provide the ratio of the gain factors. To prevent changes in loudness
perception, the sum-of-squares of the gain factors has to be normalized to one [18].
Vector base amplitude panning (VBAP) [31] is a method that can be used to
place virtual sources with an arbitrary loudspeaker setup by amplitude panning. It
can be used in 2-D and 3-D loudspeaker setups. In 2-D virtual sources are created
with pairwise panning and in 3-D with triplet-wise panning where sound is applied
to maximally three loudspeakers. In 3-D setups the loudspeaker layout is divided
into triangles which are then used to create a virtual source inside the triangle. The
loudspeaker directions are defined with unit vectors pointing towards the loudspeakers. The intended direction is presented with a unit vector p which is then expressed
as a linear weighted sum of the unit vectors pointing at the loudspeakers:
p = gm lm + gn ln .

(8)

The weights are calculated and then used as gain factors in amplitude panning.
The perceptual quality of amplitude panning techniques has been tested, and VBAP
was found to produce virtual sources in correct directions in the horizontal plane
[18]. Elevation perception depends on the subject.
Using a constant time delay to the signal of one loudspeaker will shift the localization of sound sources with transient signals towards the loudspeaker that radiated
sound first. This method uses the precedence effect of spatial hearing. A delay of
about 0.5ms - 1.5ms is needed to pull the localization fully to the left or right in
stereo listening. The localization is dependent on the signal and frequency. Using
time differences on continuous signals may create contradictory virtual sources. [2]
Time panning doesn’t create stable direction cues, but more likely spreads the sound
source [15].
3.3.2

Wave field synthesis

Wave field synthesis (WFS) [32] is a spatial sound field reproduction technique.
The aim in WFS is to reconstruct the entire spatial sound field with numerous
loudspeakers. The best listening position is not limited to one sweet spot like for
example in two-channel stereophonic reproduction. As a virtual source is produced,
the sound for each loudspeaker is delayed and amplified in a way that a correct
circular or planar sound wave occurs as a superposition of sounds from the different
loudspeakers [15]. The virtual sources can be positioned behind the loudspeakers or
sometimes even inside the loudspeaker array [15]. The distance between loudspeakers can be maximally half a wavelength of the highest frequency where the wave field
is reproduced correctly. This leads to the need of even hundreds of loudspeakers in
horizontal setups. This makes WFS extremely expensive and impractical to realize.
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3.3.3

Directional audio coding

Directional audio coding (DirAC) [33] is a parametric spatial sound representation
technique. DirAC is divided into two parts: the analysis part and the synthesis
part. In the analysis part the diffuseness of the sound is estimated in time and
frequency windows from B-format microphone input. In the synthesis part the
sound is divided into direct sound and diffuse sound streams. The two streams are
reproduced using different methods. In the simplified version of DirAC synthesis the
direct sound stream is reproduced with pairwise amplitude panning and the diffuse
stream is reproduced with all loudspeakers [34]. DirAC can be implemented with
low cost omnidirectional microphones placed on the surface of a rigid cylinder and
used efficiently in teleconferencing and spatial filtering applications [34].
3.3.4

Spatial impulse response rendering

Spatial impulse response rendering (SIRR) is a method to reproduce room acoustics
with a multichannel loudspeaker setup. The direction of arrival and diffuseness of a
room response are measured in time and frequency windows. Based on the analysis
a multichannel room response applicable for any multichannel loudspeaker setup is
synthesized. As the synthesized room response is convolved with the sound that
is reproduced a natural perception of space comparable to the measured space is
perceived. [35]
3.3.5

Ambisonics

Ambisonics is a technique that includes surround sound pickup with a Soundfield
B-format microphone, transmission and decoding to any optional reproduction format [2]. The sound is captured with a soundfield microphone that has multiple
coincident microphone capsules. The traditional first order B-format signal consists
one omnidirectional signal (W) and three dipole signals pointing towards Cartesian
axis directions (X,Y and Z) [36].
With proper weights the B-format signal can be decoded to mono, stereo, horizontal surround or fully periphonic surround formats [2]. The signals are weighted in
a way that the signal applied to each loudspeaker corresponds to a signal that could
have been recorded with a microphone pointing to the direction of the loudspeaker.
Usually the simulated directional patterns are cardioid or hypercardioid [36].
Traditionally the B-format signals are decoded for a symmetric four-channel
loudspeaker setup, but also decoding to other surround sound formats, such as 5.1,
can be done [2]. The loudspeaker channels in Ambisonics are highly coherent, which
leads to colorations and directional artifacts. The high coherence is due to the broad
directional patterns of the virtual microphones [43].

3.4

Stereo recording

Some commonly used microphone techniques used to record two-channel stereophonic sound are reviewed in this section. The microphone techniques are divided
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into two subgroups: coincident techniques and spaced microphone techniques. Some
additional challenges in stereo recording caused by mobile phone mechanics are considered in 3.4.3. Finally some multichannel microphone techniques briefly introduced
in 3.4.4.
3.4.1

Coincident techniques

In coincident microphone techniques two or more directional microphones are placed
close to each other [36]. Because the microphone capsules are placed close to each
other, there are no phase differences present in the resulting microphone signals,
but only amplitude differences. Thus the signal of a coincident pair corresponds
to amplitude panning [19]. At very high frequencies the distance between capsules
becomes considerable in relation to wavelength, and thus also phase difference occurs
[2].
Coincident microphone pairs can be manufactured as integrated stereo microphones. Normally such microphones are placed vertically towards the sound scene
so that the capsules point left and right. The angle in which the microphone is placed
is different for different capsule directional patterns. With many stereo microphones
the directional pattern of either capsule can be altered between figure-of-eight and
omni directional. [2]
The Blumlein pair [19] is the first coincident microphone technique developed,
and it is still widely used. In the Blumlein pair two figure-of-eight microphones are
crossed at a 90 ◦ angle [38]. A Blumlein pair provides good correspondence between
actual source direction and perceived virtual source direction when the recording
is reproduced with loudspeakers and the sound source is in front or behind the
microphone setup. The amount of reverberation pickup is one disadvantage of the
Blumlein pair arrangement [2].
The advantages of coincident figure-of-eight microphone pairs, such as the Blumlein pair, are crisp and accurate phantom imaging of sources in front of the microphone pair and a natural blend of ambient sound from the rear side [2]. Sound
sources from all directions are captured with equal level [36]. Cancellation in ambience may occur if there is a lot of reverberant sound picked up from the sides;
this happens especially if the signals are summed to mono [2]. Sound sources to the
side of the microphone setup are produced inconsistently [36]. This results from the
large out-of-phase areas at the sides of the arrangement. For example sound from
the left side is captured in the positive lobe of the left capsule and the negative lobe
of the right capsule leading to out-of-phase information [2].
Other coincident techniques where the directional pattern and the angle of the
capsules are altered are called XY-techniques. Typical directional patterns of the
capsules are cardioid and hypercardioid [36]. Cardioid and hypercardioid pairs are
typically angled between 60 ◦ and 120 ◦ . The precise angle that is chosen determines
the apparent width of the achieved stereo image. As with any coincident technique
it is important that the polar and frequency responses of the capsules are matched
as closely as possible [39]. The direct-to-reverberant ratio is high with a cardioid
pair [39] and the setup thus favors frontal sound sources.
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In figure 8 a cardioid crossed pair at an angle 131 ◦ is presented. Central sound
sources are off axis for both microphone capsules. This may lead to central sound
sources being colored and an unstable sound image if the polar patterns are not well
matched. In cases where central sound sources are important, like television with
dialogue, this might be problematic. [2]

Figure 8: Cardioid crossed pair directivity patterns. Adopted from [2].
With a coincident pair sound is picked up only in one channel at the point where
the null-point of the opposite channel is. These points are called fully left and fully
right. When the angle between the two microphone capsules is made wider the angle
between the fully left and fully right point gets narrower. This is demonstrated in
figure 9. This will make the sound image perceptually wider at reproduction, because
the sound recorded from a narrower angle will be stretched between the two extreme
points. [2]
Using hypercardioid capsules in coincident recording is similar to cardioid capsules. The correct angle between the capsules is narrower compared to cardioid
microphones. This allows a more distant recording position for a desired direct-toreverberant ratio. [39]
3.4.2

Near coincident and spaced microphone techniques

Near coincident pairs are microphone arrangements where the capsules are placed
close enough to be substantially coincident at low frequencies but at higher frequencies time differences are also produced [39]. The additional time difference may help
localization of transient sounds and increase the sense of spaciousness in the recording. At lower frequencies the channels remain nominally coincident and suitable
level differences are produced [2].
ORTF is a near coincident microphone technique named after the French national
broadcasting organization (Office de Radiodiffusion-Television Francaise) that was
the first to use this arrangement. The ORTF configuration consists of two cardioid
microphones angled 110 ◦ and with a spacing of 17 cm [39]. At low frequencies the
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Figure 9: Widening the stereo image by widening the angles between the directivity
patterns. Adopted from [2].
arrangement is equivalent to the XY-coincident thechnique, because the distance is
small compared to wavelength. At higher frequencies phase difference between the
microphone capsules is also present [36]. Another example of a near coincident pair
is the NOS pair (Nederlande Omroep Stichting, the Dutch Broadcasting company),
that uses cardioid capsules apart by 30 cm angled at 90 ◦ [2].
Coincident techniques produce accurate virtual sources and spaced techniques
good sense of envelopment, but neither of them achieves the other. Thus, neither
produces a natural and good spatial impression. Near coincident techniques are in
terms of virtual source accuracy and reverberation perceptually somewhere between
coincident and spaced microphone techniques [36]. Bear coincident techniques are
thus a good compromise [2]. That’s why they are often used in practice.
Spaced microphones are usually placed with a distance of 20 cm to a few meters
between them. Omnidirectional microphones are usually used. The signals that
are captured arrive at different times at the microphones, depending on the direction [36]. Two or three microphones are usually used [39]. Localization of sound
sources in spaced microphone techniques rely mostly on precedence effect, since
level differences are quite small if there is nothing shadowing the sound between the
capsules [2]. The virtual sources are localized inconsistently because the time difference between the microphones depends on the wavelength [36]. The sound captured
with spaced arrangements is however often perceived more enveloping or spacious
[2]. They are thus suitable for recordings which more ambience is desired and not
accurate phantom sources, like for example concert hall recordings.
Conceição and Furlong studied the effect of different microphone techniques on
interaural cross-correlation (IACC) [40]. They assumed IACC to be a predictor
of spaciousness. They found that IACC is substantially different when the same
sound is recorded with different microphone setups and played back with stereo
loudspeakers. Thus it can be assumed that the selection of a microphone technique
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has a significant effect on the perceived spaciousness of the recording.
3.4.3

Stereo recording with smartphones

Due to the dimensions of mobile phones, the recording techniques that can be implemented are coincident and near-coincident techniques. Because of the small distance
of the microphone capsules no significant time differences are created. In smartphones almost solely omnidirectional microphones are used. The integration of the
microphones produces directivity at high frequencies. Thus in practice microphone
placement and signal processing algorithms are the methods that can be used to
create a stereo image. [41]

Figure 10: A schematic figure of a smartphone
In figure 10 is shown a schematic picture of a smartphone. In the figure two
possible microphone placements and the dimensions of the device are demonstrated.
The placement 1 is an example of a good microphone placement for stereo audio
capturing. The microphones are there positioned symmetrically at the far ends of
the device. Placement two is an example of a placement that is optimized for speech
applications.
The diameter of the head is similar with the dimension denoted with L in the
figure. If microphones are placed at the ends of the device the small created time
differences help to create a spatial effect, especially in headphone listening [41].
This kind of optimal microphone placement is demonstretad in figure 10 with the
microphone placement 1.
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In most cases audio capture is not one of the main functions in smartphones
and microphones are placed according to speech DSP (digital signal processing)
requirements. This may lead to problems in stereo recording. Even if the directional
patterns of the two microphone capsules could be carefully matched and directed,
the nonsymmetrical placement of the microphones causes sound to be differently
shadowed and scattered when arriving at the microphones. Creative design and
sophisticated algorithms are required to be able to implement sufficiently good stereo
recording.
Often the right channel microphone is placed on side of the screen instead of
where it would be optimal for audio capture. This is demonstrated in figure 10 with
microphone placement 2. This is done to optimize the directional pattern for speech
applications [41]. In situations like this the microphone capsule is shadowed by the
phone when the device is used in audio capture and directed towards the sound
source. This leads to directional patterns like in figure 11. In this case nearly all
frontal sound is captured more in the left channel and the signal in right channel is
attenuated. This leads to the stereo image leaning to the left when reproduced over
stereo loudspeakers.
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Figure 11: Example of a smartphone stereo microphone directional pattern.

3.4.4

Multichannel microphone techniques

Multichannel recording lacks of well-established recording systems as in stereo recording. Different proposed multichannel recording techniques can be divided into three
groups [42]:
1. spaced directional microphones arranged in one single main array
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2. combination of separate front and rear microphone arrays
3. multiple coincident microphones arranged at one position
Techniques in the first group usually aim at creating an enveloping sensation by
encoding a certain time and level difference relationship between the front and rear
channels. In the second group the rear array is normally placed beyond the critical
distance of recording venue to achieve a maximum decorrelation of the reverberation
to the direct sounds. This way the amount of reverberation could be balanced without affecting the localization of direct sound sources. With techniques in the third
group the signals can be decoded in various ways because there are no phase problems between channels. The signal can be decoded to many reproduction formats
in which good phantom image localization is maintained. [42]
The Decca Tree and Fukada Tree are commonly used microphone techniques and
they both belong to the second group of multichannel techniques. Both arrangements are shown in figure 12. In Decca Tree three omnidirectional microphones are
placed in a equilateral triangle that corresponds to the three front channels of the
5.0 setup. For the rear channels an ORTF- or AB-pair of cardioid or omnidirectional
microphones is used. The Fukada Tree is quite similar to the Decca Tree, but in this
arrangement the microphones are all cardioids. This way the front channels don’t
capture too much reverberant sound. [43]

(a) Decca Tree

(b) Fukada Tree

Figure 12: The Decca Tree and Fukada tree multichannel recording microphone
arangements. Adopted from [43]
Ambisonics is a multichannel recording technique which uses multiple coincident
microphones. A special soundfield microphone that records sound in B-format is
used in ambisonics. The first order B-format microphone captures one omnidirectional channel and three dipole signals oriented according to Cartesian coordinate
axes. Various virtual coincident microphone directional patterns can be calculated
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by summing the signals with proper weighting. [43] The ambisonics technique is
discussed also in section 3.3.5.

4

Audio Quality evaluation

In this chapter the meaning of the term audio quality is formulated for the scope
of this thesis. In 4.2 spatial quality is described in terms of this work. Finally the
evaluation of overall and spatial audio quality with listening tests and instrumental
models is overviewed in sections 4.3 and 4.4.

4.1

Sound quality

Sound quality can be inspected in various ways [7]:
• Speech intelligibility and speech quality,
• Concert hall and auditory sound quality,
• Sound quality in audio techniques,
• Noise sound quality,
• Product sound quality.
In this thesis the relevant point of view is sound quality in audio techniques. Traditionally the goal in audio is to reproduce the sound in an as authentic and undistorted
way as possible compared to the recording situation [7]. In this work the reproduction system is assumed to be a two-loudspeaker stereo system with an ideally flat
frequency response. This way the sound quality evaluation is targeted at distortions
and changes in the sound at the recording stage. Judgement of sound quality could
be described as a mixture of sensory and affective judgements [20].
The assessment of sound quality involves assessment of a number of separate
attributes [20]. Letowski [44] has proposed a hierarchical model paradigm for these
attributes. The paradigm is described by the MuRAL (Multidimensional auditoRy
Assessment Language) system, shown below in figure 13. In MuRAL, attributes
that are at the same circle are treated as independent and equally important, the
attributes at inner circles are hierarchically more important. At the lowest level of
MuRAL sound quality can be divided into two groups: Timbral quality and spatial
quality.
The main purpose of this thesis is to assess the spatial quality of sound. More
precisely the stereo recording device’s ability to maintain the spatial information
of the recording scene is evaluated. However, according to Rumsey [1] timbral
quality counts for approximately 70% of the overall sound quality perception. This
means that if the timbre of sound isn’t maintained correctly the spatial effects have
less significance. Thus the timbral quality has to be assessed in some way before
exploring the spatial quality. This is done by estimating the amount of spectral
coloration.
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Figure 13: Hierarchical sound quality model paradigm (MURAL). Adopted from
[44]

4.2

Spatial audio quality

According to Letowski [44] there are two domains in which sound quality is perceived,
spatial and timbral. Letowski has proposed that spatial quality consists of a number
of lower level attributes. Some of the low level attributes are mentioned in MuRAL.
The quality of sound in concert halls has been studied for centuries. There
have been several subjective and objective parameters introduced to evaluate sound
quality in concert halls [6]. There are different parameters describing the amound of
reverberation, spaciousness and envelopment and several other descriptive parametres.
The parameter that corresponds directly with the definition of reverberation time
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is RT60 . Due to masking, the entire decay process can be perceived only at brakes
of sound. [6]
During running music or speech, the later part of reverberation is masked by the
next part of sound. Therefore a parameter called early decay time (EDT) has been
introduced. EDT is calculated from the time it takes for sound to attenuate 10 dB
and it is then scaled to correspond the full reverberation time. [6]
Clarity is a parameter that describes how clearly each detail in sound can be
heard [6]. The objective parameter C80 is calculated as the relationship of early
reflected sound to late reverberant sound [7]. C80 is calculated with:
R 80ms 2
p (t)dt
.
(9)
C80 = 10log10 R0∞ 2
p (t)dt
80ms
Also similar parameters with different time coefficients, like C35 , C50 and C95 , have
been proposed to highlight slightly different characteristics.[7]
The sense of spaciousness has been estimated with parametres like late energy
fraction (LEF), late lateral strength (LG) and interaural cross-correlation (IACC).
LEF is calculated as:
R 80ms
h8 (t)2
5ms
,
(10)
LEF = R 80ms
h(t)2
0
where h8 (t) is the impulse response measured with a figure-of-eight microphone and
h(t) the impulse response measured with an omnidirectional microphone. The larger
the value LEF gets the bigger is the perceived apparent source width (ASW). The
late lateral strength (LG) has been proposed as a measure of listener envelopment
(LEV). It relates the late lateral energy to the direct sound at 10 m distance from
the source. [6]
Interaural cross-correlation describes the amount of correlation between the signals at the two ears. IACC is in concert halls often related to ASW and LEV. IACC
calculated at an early time interval (0 -100 ms) relates to ASW and at a late interval
(100 ms - 1000 ms) is mainly used to describe LEV. [6].
Relating to timbre parameters like bass ratio (BR) and treble ratio (TR) have
been proposed. They are supposed to relate with the perceived warmth of a hall.
Ease of ensemble relates to how well musicians on stage can hear music and each
other. This has been found to relate to the amount of early reflected energy being
distributed on the stage. A parameter called early support (STearly ) is proposed to
describe the ease of ensemble. [6]
Spatial quality in the reproduced sound environment has been studied much
less and for a shorter time than spatial quality in concert halls. However, already
multiple studies have searcehed for spatial attributes that are perceived in the reproduced sound environment. Such identification studies have been performed for
example by Berg and Rumsey [45], Choisel and Wickelmaier[47] and by Koivuniemi
and Zacharov [46]. Berg and Rumsey used repertory grid technique (RGT) to identify spatial attributes from verbal response of listeners. After listening tests and
employing the repertory grid technique they extracted following attributes:
• Localization
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• Width
• Envelopment
• Distance or depth
• Room perception
• Naturalness and presence.
They found similar attributes with slightly different terminologies and descriptions
in studies by Koivuniemi and Zacharov [46] and Toole [48]. Similarly to Berg and
Rumsey, Choisel and Wickelmaier used the repertory grid technique to identify
relevant spatial attributes from listening test data [47]. The attributes elicitated in
their study were: width, envelopment, elevation, spaciousness, brightness, distance,
clarity and naturalness. All of these, except elevation and brightness, are also found
in the attribute set identified by Berg and Rumsey.
The term localization is described as the ability to localize a sound source by
Berg and Rumsey [45]. Similarly Koivuniemi and Zacharov [46] describe the sense
of direction as: how easily the locations of events can be discriminated. In this work
localization is evaluated as the correctness of individual sound source localization
directions. This means that the direction where a sound recorded with the device
under test (DUT) would be localized in stereo reproduction is estimated and the
estimate is compared to the original direction.
In his scene based paradigm, Rumsey describes width as an attribute that has
four different forms [49]. These different forms are: Individual source width, ensemble width, environment width and scene width. In this thesis width is considered
as the width of an individual sound source. In a listening test, which results were
used in tuning of quality assessment method to be developed, the subjects were
asked to define the area from which the sound is perceived. Based on these results
the instrumental measurements are used to evaluate the recording device’s ability
maintain the impression of width in recorded sound.
In the quality estimation method developed in this thesis spatial quality is evaluated in terms of sound source localization and sound source width. In one listening
test data was collected on how subjects perceive the direction and width of sound
recorded with mobile devices. The amount of spectral coloration caused by the devices and its influence together with spatial impression on perceived overall sound
quality were investigated in another listening test. The results of these listening
tests were used to connect the instrumental measurements to the spatial quality
attributes.

4.3

Perceptual audio quality evaluation - Listening tests

Performing listening tests is arduous, expensive and time consuming. Thus, in
perceptual audio evaluation one of the biggest targets is to replace listening tests
completely with predictive instrumental models. With predictive models quality
estimates can be attained in very short time and with little knowledge about the
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test method. Thus the benefit of instrumental methods compared to listening tests is
obvious. However the accuracy of predictive models is unknown outside the designed
application area. Models are often trained for narrow application areas. Listening
tests are up to this day the only quality evaluation methods that can reliably be used
to assess sound quality for all aspects of sound and different applications. Listening
tests also play an important role in developing and tuning predictive models. Thus
listening tests can’t be replaced completely for any time soon. [3]
Listening tests should be performed only when the need for them is clear. According to Bech and Zacharov [3], before starting to plan a listening test the researcher
should ask him/herself the following questions:
• Whether a measure of the physical signal will provide sufficient information?
• Does a direct measurement of the perceived audio quality exist?
• Can a suitable predictive model of perceived audio quality be identified for the
assessment of the stimuli under consideration?
Only if the answer to all the above questions is no, performing a listening test should
be considered.
Toole [50] defined that there are three objectives for an ideal listening test.
Firstly it should produce results that are reproducible at different times and places
with different listeners. Secondly it should reflect only audible characteristics of
the product or system under examination. Lastly it should reveal the magnitude
of audible differences or a measure of absolute values on appropriate scales. It may
be impossible to perfectly fulfill all these goals simultaneously. Meeting these goals
should however always be pursued when performing a listening test.
Conducting a listening test includes many things to be considered and planned.
The things that need to be considered are for example: the research question, response scales, stimuli, listening room, reproduction system, subject selection, possible rewards for participation and statistical methods for result investigation [3].
When all of these matters have been decided and planned things like implementing the listening test user interfaces and listening test setup preparation needs to
be done. All together planning, implementing and conducting the listening test,
followed by result analysis will take several weeks.
Planning and implementing listening test is not a part of this thesis. Only the
results of the listening test conducted for the development of the quality assessment
method developed in this study were used in the study of this thesis. Thus the
different phases in listening test performing are not explained thoroughly. A detailed
explanation of listening tests and of all what is connected to them can be found in
the book Perceptual Audio Evaluation - Theory, Method and Appliccation, by Bech
and Zacharov [3].

30

4.4

Instrumental audio quality evaluation - Auditory models

As stated in section 4.3, the advantage of accurate instrumental models compared
to listening tests is obvious. Nowadays instrumental predictive models are always
some sort of computer programs that predict what would be the result of a listening
test conducted to assess sound quality [3]. Instrumental predictive models are often
called simply auditory models. They may be based on simulating the physical
structure of the auditory system and the human sound cognition. Some models are
just statistical models where no parts of the auditory system are modeled. In this
section some current auditory models are briefly reviewed.
4.4.1

ITU-R BS.1387 - PEAQ

PEAQ (Perceptual Evaluation of Audio Quality) is a method for objective measurement of perceived audio quality standardized in ITU-R recommendation BS.1387
Method for Objective Measurements of Perceived Audio Quality [51]. PEAQ can be
for example used to evaluate the quality of an audio codec [52]. PEAQ compares a
processed signal with a time aligned original signal [53]. Concurrent frames of both
signals are transformed to a basilar membrane representation with a peripheral ear
model. From the output of the ear model perceptually important features are extracted by a cognitive model. From the extracted features a set of model output
variables (MoVs) are calculated which are then mapped as a single quality grade.
PEAQ includes two different ear models, an FFT-based (Fast Fourier Transform)
ear model and a filterbank-based ear model. The MoVs are partly based on the
concept of masked threshold and partly on internal representations. Also variables
based on comparison between linear spectra that is not processed by an ear model
are used. There are two versions of PEAQ, a basic version that uses only the FFTbased ear model and an advanced version that uses the FFT-based ear model for
part of the MoVs and the filterbank-based model for part of the MoVs. [53] PEAQ
is designed to consider timbral changes in monophonic or stereophonic systems, it
doesn’t take account of any spatial characteristics [20]. Thus the PEAQ model can’t
be used to measure spatial quality.
4.4.2

Multichannel extension to PEAQ

Choi et al proposed a model that extends the PEAQ standard. The extended model
could be used in predicting audio quality in multichannel audio compression coding
systems. First in the model binaural signals are synthesized with HRTFs. From
the binaural signals ten PEAQ MoVs are extracted. Additionally to PEAQ three
variables that measure degradations in spatial quality are calculated. These three
measures are: interaural time difference distortion, interaural level difference distortion and interaural cross-correlation coefficient distortion. [54]
The model has been trained and verified with data from listening tests on multichannel audio codecs. Half of the listening test data was used to train the model
and half of the data was used to calculate a mean opinion score (MOS) grade for
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verification. With an artificial neural network a correlation of 0.85 with 5.09 mean
absolute error was achieved between predicted and measured MOS [54]. Although
the model provides a spatial extension to the PEAQ model and good correlation with
subjective MOS scores, it can only be used in evaluating the quality of multichannel
audio codecs [20].
4.4.3

Model by Pulkki

Pulkki has proposed a binaural auditory model that was used to analyze perceived
localization cues of virtual and real sound sources [12]. This binaural model is based
on different filter banks. First the external ear is modeled with a HRTF filter bank.
The inner ear selectivity is then modeled with a gammatone filter bank of 32 ERB
(equivalent rectangular bandwidth) channels. Half wave rectification and 1 kHz
low-pass filtering is then used to mimic hair cells and the auditory nerve behavior.
Similar processing is done also in other auditory models, like for example the model
reviewed in 4.4.4.
Interaural cross-correlation is calculated for each ERB channel. For each frequency band ITD is found by calculating the maximum value of the IACC curve.
For every frequency channel the loudness level in is phones computed and these are
then converted to loudness in sones. The loudness values are then summed to a
composite loudness level spectrum CLL. The difference of loudness level spectra of
the right and left ears are used as the ILD spectrum. [12]
ITD, IACC and ILD curves are used to characterize the directional cues and CLL
spectrum is used to represent spectral coloration. The model was used to compare
different attributes of real and virtual sound sources. The binaural model predicted
the quality of virtual sources in free field consistently with listening test results.
4.4.4

QESTRAL

In the QESTRAL (Quality Evaluation of Spatial Transmission and Reproduction
using an Artificial Listener) project an artificial listener was developed to predicts
the perceived spatial quality of an audio reproduction compared to a reference reproduction [55]. The model aims to predict an overall spatial quality score for an
audio reproduction that would be obtained with a formal listening test [56].
Unlike for example the PEAQ model [51], the QESTRAL model is not aimed
only at codec quality evaluation. It also evaluates distortions arising from downmixing algorithms, spatial audio codecs, loudspeaker misplacement and system phase
errors [56]. In the AES convention in San Fransisco 2008 was presented a detailed
description of the development of the model, listening tests conducted to calibrate
the model, the calculation of the metrics, the used test signals and tuning the model
[56] [57] [68] [55].
The Qestral model has four main stages. In the first stage test signals are
created. In the second stage metrics are calculated. Metrics are calculated both from
recorded binaural signals and single microphone signals. Each metric is calculated
for a reference reproduction and for the evaluated reproduction system. In the third
stage the value calculated for the evaluated reproduction is subtracted from the
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reference reproduction value. In the fourth stage a regression model is applied to
the difference grades got from stage three. As a result a single grade is gained that
is used to predict the MOS score that would be obtained with a listening test. [55]
The use of binaural signals makes it possible to evaluate spatial quality in multiple listening positions. This way maps of spatial quality across the listening area
can be created [59]. 11 metrics were originally calculated in [68]. The model was
calibrated using listening test data [57] with partial least squares regression [55].
Five metrics were included in the final model [20].
The Qestral model was tested with various spatial audio processes, such as downmixing, channel removal, spectral filtering and many others. Also different program
materials and listening positions were tested. The calibrated and corrected model
had a correlation R2 of 0.89 and an RMSE of 11.06 % with listening test results.
4.4.5

Summary of instrumental models

Several instrumental models that can be used to assess perceived audio quality have
been created. In this section a few models were briefly introduced. There are also
some instrumental models that are created to evaluate spatial quality of reproduced
sound. The multichannel extension to PEAQ [54], the model by Pulkki [12] and the
Qestral model [56] are all models that predict either single spatial attributes or the
overall spatial quality. However none of these models is suitable without alterations
for the present need to quickly asses the spatial quality of stereophonic recording
quality of smartphones.
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5

Experimental work

All experiments and calculations carried out in this thesis work are explained in this
chapter. First the recording procedures and equipment used in the experiment are
presented. Then the simulation of sound fields and binaural signals are gone through.
Next all the derived metrics used to predict spatial quality are presented and finally
the Gage R&R method, used to assess the repeatability and reproducibility of the
measurements is reviewed.

5.1

Objective

The objective of this study has been to develop an instrumental measurement
method to assess the stereo recording spatial quality of mobile devices. The focus is on finding the accuracy of sound source localization, sound source width and
timbral changes.

5.2

Recording procedure

Anechoic impulse response measurements were chosen as the measurement method.
This was done because the impulse response (IR) perfectly describes the characteristics of the recording device in time domain [7]. When measured impulse responses
are convolved with different anechoic stimuli, all sorts of recordings can be simulated.
Impulse responses were measured from all directions with a 10 ◦ and 15 ◦ interval.
Impulse responses were measured using the logarithmic sine sweep method [61]. The
measurement setup is presented in figure 14. The setup consists of four identical
speakers that are placed at the sides of the anechoic chamber. A 15 ◦ measurement
interval was chosen as a compromise between accurate directional information and
measurement efficiency. The measurements are done in the center of the loudspeaker
setup, with equal distance to all four loudspeakers.
The first step in the measurement process was to adjust the loudspeakers to the
same output level. Continuous pink noise was played back from one loudspeaker at
a time. The pink noise signal had average RMS power of -14.08 dB. The gain of each
loudspeaker was adjusted so that the level at the center of the measurement area
was 80.5 ±0.5 dB. The sound level was measured using a portable sound pressure
level meter. The target level of the sine sweeps for the recordings was 70 dB. The
loudspeakers were level calibrated to 80 dB to get enough head room above the
intended signal. The used sweep signal had an average RMS power of -6 dB. When
an additional -22 dB gain was applied to the signal the highest peak sound pressure
levels of the sine sweeps were measured to be around 72 dB.
A ten second long logarithmic sine sweep is played back from each loudspeaker
and they are all recorded with the device placed in the center of the loudspeaker
layout. The device is rotated 15 ◦ clockwise with a turntable, after the sweeps from
all four loudspeakers are played. Then the sine sweeps are again played and recorded
from all four loudspeakers. After five repetitions of the recording, a sine sweep from
every direction with a 15 ◦ interval has been recorded.
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Figure 14: Measurement setup. Loudspeakers are placed in angles 0 ◦ , 90 ◦ , 180 ◦
and −90 ◦ . The device is placed in the center of the setup at equal distance to all
loudspeakers.

The measurement method developed is made for audio in video recording for
mobile phones. In such applications the phone is usually held in the hands of the
user and the direction of interest is in the horizontal plane. Thus recordings are
made only in the horizontal plane. The acoustical effect of the user’s hands in not
considered in this study.
To be able to analyze only the characteristics of the recording devices, the response of the loudspeakers has to be removed in the analysis. For this purpose
the sine sweeps produced by each loudspeaker are recorded using a measurement
microphone.
After all the recordings are made they are transferred from the devices to a
computer where the analysis is performed. The performed calculations are explained
next.
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5.2.1

Impulse response calculation

The first stage in the analysis is the calculation of the impulse responses of all
measured directions. The impulse responses are calculated with Angelo Farina’s
exponential swept sine method [61]. A nonperiodic logarithmic sine sweep is used
as stimulus and from it an inverse filter is calculated. The impulse response of the
measured system is attained by convolving the system output with the calculated
inverse filter.
There are also other impulse response measurement methods, such as Maximum
length Sequence (MLS). In quiet measurement conditions the logarithmic sine sweep
method is usually the appropriate choice. The log sweep method does not assume
the system to be linear and time-invariant, like most of the other existing methods.
It is also capable of extracting the harmonic distortion components out of the linear
part of the impulse response. The distortion components appear before the linear
part of the impulse response. [62] Mobile phones may distort at lower levels than
other recording equipment and because the log sweep method is pretty immune to
distortion it is a good choice as the measurement signal.
In the logarithmic sine sweep method the signal used for excitation is of form
[61]:
#
"
ω2
t
T ω1
ln( )
(e T ω1 − 1) ,
(11)
x(t) = sin
ln( ωω21 )
where ω1 is the starting frequency of the sine sweep, ω2 the ending frequency of the
sweep and T is the duration of the signal. The sweep was in this study defined from
100 Hz to 20 kHz, because below 100 Hz the loudspeakers don’t perform well and
the human hearing is limited to 20 kHz. The duration T was set to 10 seconds.
To get rid of the effect of the loudspeakers the recorded sine sweeps of the
loudspeakers were used as the inverse filters. The recorded sweep from the Device
under test (DUT) was deconvolved with the sweep that was recorded from the
same loudspeaker with a measurement microphone. This way the need of separate
loudspeaker equalization is avoided.
The deconvolution of the signals was done in the frequency domain, since convolution becomes a simple multiplication and deconvolution a division of the frequency
domain representations of the signals [6].
H(k) =

Y (k)
,
X(k)

(12)

where Y(k) is the discrete fourier transform of the recorded sweep from the DUT
and X(k) is the discrete fourier transform of the sweep that is recorded with the
measurement microphone. The impulse response is then attained by taking the
inverse fourier transform of H(k). All content above 20 kHz is low-pass filtered
from recorded sweeps since the stimuli is defined only below 20 kHz. The impulse
response is windowed using a one sided hann-window to get rid of discontinuities at
the end of the response [63]. The resulting impulse response is 384000 samples long
with sampling rate 48kHz.
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5.3

Analysis methods

The analysis of the measurements is done for the frequency responses of the device
and for binaural signals simulated from the measured impulse responses. In section
5.3.1 the calculation of frequency responses and directivity patterns is explained.
The frequency responses are calculated for single directions and for an approximated
diffuse field. The amount of spectral coloration and recording balance is estimated
using the calculated frequency responses. In 5.3.4 the simulation of binaural signals
is reviewed. From the simulated binaural signals localization accuracy metrics are
estimated.
5.3.1

Frequency responses and directivity patterns

Rumsey et. al. have found that timbral fidelity accounts for approximately 70%
of the overall sound quality rating and spatial fidelity accounts for the remaining
30% [1]. This means that if the sound is colored the spatial quality has no meaning,
because the quality perception crashes. Thus it must first be ensured that the
frequency responses from all directions don’t color the signal. In other words the
frequency responses should be as flat as possible. To check this, the analysis is begun
by calculating the frequency responses for all measured directions.
The frequency response is the frequency domain representation of the impulse
response. The impulse responses were already calculated in 3.2.1, so the only thing
needed to get the frequency responses is to move to the frequency domain with a
Fourier transform and to separate the magnitude and phase response for plotting
the response [63]. Magnitude response is calculated with:
M (k) = |H(k)|,

(13)

θ(k) = arg{H(k)},

(14)

and the phase response with:

where H(k) is the frequency response.
An example of a frequency response calculated as described above is presented
below in figure 15.
From the frequency response figures an experienced sound engineer can quickly
estimate the amount of coloration. Possible single number metrics to illustrate the
amount of coloration are discussed later.
Calculating the directivity patterns of the recording device’s microphone channels is a straightforward task after the frequency responses have been calculated.
The magnitudes at chosen frequencies are calculated at all directions and drawn as
a polar pattern. An example of a directivity pattern is shown in figure 11, in section
3.4.3.
5.3.2

Single sound source recording simulation

A recording of a single sound source can be simulated at a desired direction by
convolving an anechoic sound stimuli with the impulse responses of the recording
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Figure 15: Device C - The magnitude and phase responses recorded from 15 ◦ for
both channels.

device in the corresponding direction [12]. Short one second long pink noise bursts
have been found to be good stimuli for testing the directional performance of a
spatial reproduction system [55]. It was assumed that similar stimuli would also
work when evaluating the stereo recording quality. Thus, one second pink noise
bursts that were virtually positioned in different directions were used in listening
tests. In the tests it was evaluated how the devices retain localization information
of sound sources recorded from different directions. The instrumental metrics were
calculated straight from the impulse responses from different directions.
Perceptually broad sources can be produced by playing sound from multiple
loudspeakers at the same time. Hirvonen and Pulkki have studied the center and
extent of auditory events [16]. In a listening test they created spatially broad sound
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sources by playing spectrally consecutive, non-overlapping and band limited noise
simultaneously from multiple loudspeakers in a loudspeaker grid. The noise samples
are perceived together as one spatially wide sound source. The perceived width of
the sources was found to be dependent of the total frequency range, the bandwidth
of noise that is played from one loudspeaker and the order in which the frequency
bands are divided to the loudspeakers.
For the listening tests conducted to assess the recording quality, sound samples
were created by convolving anechoic stimuli with the measured anechoic impulse
responses. Pink noise bursts and male speech was used as stimuli. Both pointlike sources and spatially broad sources were created. Only pointlike sources were
simulated in the instrumental model. It has been suggested that perceived width
correlates best with the Inter Aural Cross Correlation (IACC) based metrics derived
from the simulated diffuse sound field [55].
5.3.3

Diffuse sound field recording simulation

The performance of a recording device in a diffuse sound field is essential. If the
frequency response in a diffuse field is flawless, it can be assumed that on average
the device doesn’t color the sound from any direction. Also if it is desired to pass
any sense of envelopment or spaciousness through the recording, the diffuseness in
the sound has to be maintained [64].
The diffuse field recording was simulated with eight second long random noise
and the previously recorded impulse responses. Uncorrelated spectrally similar white
noise was convolved with the impulse responses from different directions. These
convolved noise samples are then summed together. The result of this summation
corresponds to the signal that would be captured in the recording channels in a
white noise diffuse sound field. This is done for both recording channels.
Hiyama et al [27] discussed the minimum amount of loudspeakers needed to produce a 2-D perceptually diffuse sound field. They found out that when loudspeakers
are spaced evenly around the listener, six loudspeakers is the minimum number of
loudspeakers needed. They also found that if the loudspeakers are not be spaced
evenly, an impression of a diffuse field can be produced with only 4 loudspeakers.
In this case the optimal placement is similar to the 3/2 stereo setup. Walther and
Faller found that with eight loudspeakers placed evenly the sound field is perceived
diffuse even when the listener rotates his head [64].
In this study the diffuse sound field was simulated by convolving noise with
impulse responses from 23 directions. This corresponds to a situation where there
are 23 loudspeakers placed evenly around the measurement point. It is safe to say
that the simulated sound field can be assumed perceptually diffuse[27] [64]. A dense
grid of directions was used to study the possible coloration of sound captured from
different angles.
5.3.4

Simulation of binaural signals

Binaural signals were calculated from the recorded microphone channel signals to
model the behavior of the human auditory system. A situation where the recorded
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sound is played back from a stereo loudspeaker pair at ±30 ◦ is modeled, since
the developed test system is intended for evaluating the performance of two-channel
stereo recording devices. The human auditory system is modeled similarly to several
binaural auditory models, like the model by Pulkki et.al. [12] and Jackson et.al [59].
The outer ear filtering was modeled by filtering the channel signals with HRIR
functions. For this an open KEMAR dummy head HRTF database measured by
Gardner and Martin [14] was used. Only the HRIRs for the directions ±30 ◦ were
used. Crosstalk is applied because the simulated listening situation is loudspeaker
listening. This means that the signal of both loudspeaker channels is heard by both
ears. For example the left ear signal is calculated by convolving the left ear −30 ◦
HRIR with the left loudspeaker signal and the left ear +30 ◦ HRIR with the right
loudspeaker signal and summing these two together. No reflections or reverberation
was simulated.
After the HRTF processing the inner ear frequency selectivity is modeled by
dividing the ear canal signals into ERB (equivalent rectangular band) frequency
bands using a gammatone filter bank [12] [65]. The signal is divided into 24 frequency
bands [59]. After the division to frequency bands the hair cells and auditory nerve
behavior for each frequency band is modeled with half wave rectification and 1 kHz
low pass filtering [12].

5.4

Derived metrics

In this section all calculated instrumental metrics are described. All metrics can
be derived from the measured impulse responses. The calculated metrics can be
divided into four groups.
First group comprises balance metrics that are used to evaluate how well the
recording device is balanced in the left-right direction and how well the microphone
directivity patterns are directed to the front. From this group seven single number metrics are calculated: FB_ratio_Left, FB_ratio_Right, FB_ratio_Average,
LR_ratio_0, LR_ratio_diff, Right_ratio and Left_ratio. These metrics are described below in sections 5.4.1 and 5.4.2.
The second group comprises Spectrum coloration metrics. The metrics of this
group predict the amount of spectral coloration the device produces in the recorded
sound. The metric FrErDiff is used to estimate the average amount of coloration
the device creates. freq_error_L and freq_error_R are vectors that contain the
spectral coloration estimate for every angle and for both recording channels. FrErVarMax and FrErVarMed describe the coloration for each direction. The metrics
of this group are presented in section 5.4.3.
The third group of metrics comprises localization metrics. Estimates are calculated to predict the directions where sound sources recorded from different directions would be perceived in stereophonic reproduction. Three different metrics
describing the angle error are derived: angle_error _median, angle_error_mean
and angle_error_maximum. center_of_gravity is used to estimate how much the
center of a reproduced stereo image is tilted. These metrics are described in 5.4.4.
The fourth group of metrics is based on interaural cross-correlation.
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IaccDiff _B and IaccDiff are calculated from the diffuse field approximation and
they are used to predict the device’s ability to contain information about source
width and envelopment. IaccS_band_mean, IaccS_band_median, IaccS_mean,
IaccS_median are calculated to predict the accuracy of single point sources. These
metrics are described in 5.4.5.
5.4.1

Front–Back ratio

Mobile phones and other mobile stereo recording devices are often handheld devices.
For such devices it is beneficial to capture sound primarily from the front. Behind
the device is usually the person holding the device and it is unwanted to capture
sounds the person makes, such as breathing sound. A single number metric that
describes how much the sound from the front sector is captured louder than from
the back was thought to be meaningful.
The ratio between the amount of sound captured from the front compared to
the back is here called Front–Back ratio. The magnitude response of the device
was first averaged between frequencies 1 kHz and 10 kHz for angles between ±30 ◦
in the front and between 150 ◦ and 210 ◦ in the back. The averaged magnitudes of
different angles were also averaged in the two sectors and the Front–Back ratio was
calculated as a division between these two averages. The ratio is given separately
for both recording channels on decibel scale. An average Front–Back ratio is also
calculated. The calculation of the metrics is shown in the following formulas:
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where n is the number of angles and k the number of frequency points where the
averages are calculated.
5.4.2

Left-Right balance

The balance between the left and right channel is considered to be important in
creating a good and balanced stereo image. The balance is calculated in a situation
in which sound is recorded from straight ahead and in the simulated diffuse field.
In both situations equal amount of sound should be captured in both channels.
The metrics are derived from magnitude responses calculated from the impulse
responses at 0 ◦ and from the diffuse field approximation. Similarly to the Front-Back
ratio calculated in 3.4.1 the left-right ratios are calculated as the ratio between the
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mean values of the magnitude responses between 1 kHz and 10 kHz. The calculation
of both metrics is demonstrated with the two equations below:
!
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LR_ratio_dif f = 20log10 1k P10kHz
k=1kHz Mdiff (k)R
k
With both metrics the value 0 dB would mean that the stereo channel levels are
perfectly balanced. A negative value means that the right channel is louder and vice
versa.
When sound is recorded from one side it is expected that there is more sound
in the corresponding channel. If the sound is coming from angles between ±30 ◦
and ±90 ◦ at the same side it is thought that almost all sound should be in the
channel of the same side. This is calculated with two simple metrics Left_ratio and
Right_ratio. For sounds coming from the right the Right_ratio is calculated as the
mean of the frequency averaged magnitude responses between +30 ◦ and +90 ◦ :
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and for sounds from the left as the mean of the frequency averaged magnitude
responses between −90 ◦ and −30 ◦ :
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5.4.3

Spectrum coloration metrics

As pointed out earlier the colorations in the timbre count for 70 % of the sound
quality perception [1]. This means that if the spectrum of the sound is colored
other spatial effects have no effect, because the perception of the sound is already
ruined. Irregularities in the frequency response are used as a measure of coloration.
An experienced audio engineer can see from the frequency response figures if the
recording device colors the sound greatly. Nevertheless easy-to-read single number
instrumental metrics are also needed to evaluate the amount of coloration.
Pulkki modeled the perceived timbre of virtual sound sources as a loudness level
spectrum [67]. Similar auditory modeling is applied as described in chapter 5.3.4, but
here the signals are divided into 84 frequency bands. The loudness of each frequency
band is calculated and the loudnesses of both ears are summed as a composite
loudness spectrum (CLL). The coloration of the virtual sources is estimated by
subtracting the CLL spectrum of a virtual source from the CLL of the corresponding
real source. A similar, but slightly simplified approach is used here to model the
coloration of the recording devices.
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The coloration of the signal recorded in a diffuse field is expected to describe the
device’s average amount of spectral coloration . The diffuse field signals are divided
into 24 frequency bands with a gammatone filter bank [65]. For every frequency
band the signal energy is calculated. Because the diffuse field approximation was
made with white noise, the energy spectrum is compared to the energy spectrum of
a unit impulse. This is done because the unit impulse also has a white frequency
magnitude spectrum. Only the shapes of the energy spectrums are compared and
thus the two spectra are floated on top of each other, like below in figure 16.
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Figure 16: Device B - The diffuse field energy floated ontop of the reference energy
curve. The diffuse field curves are subtracted from the reference curve at the 24
frequency points. The subtractions are summed together as a single coloration
estimate.
The energy spectra of the diffuse field approximation are subtracted from the
reference energy spectrum. A 1dB discrimination threshold is assumed and differences smaller than 1dB are set to 0. This way a frequency dependent error grade is
attained for both channels. To get a single number metric that describes the amount
of coloration the area between the diffuse field energy spectra and the reference curve
is calculated. The area is calculated as a sum of the error values of each frequency
band. The average value of the sums got from the two channels is used to describe
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the average coloration of the device, the value calculated is called FrErDiff.
Similarly to the diffuse field approximation the spectral coloration metric is calculated separately for every recording angle. These are given as two vectors that
contain the spectral coloration value for every measured angle. These metrics are
called freq_error_L and freq_error_R.
It was assumed that if there is coloration present it is best if the device colors the
spectrum equally at every direction. Therefore a number of metrics describing the
variability in spectral coloration is calculated. For every recording angle an energy
spectrum is calculated and they are compared to the diffuse field energy spectrum.
The energy spectrums calculated for every measured direction are subtracted from
the energy spectrum of the diffuse field approximation.
For every frequency band the variance is calculated between different angles.
This variance describes the amount of variation in the coloration estimates between
different angles at all frequency bands. As single number metrics the maximum
and median value of the variance is calculated for both channels. These metrics are
called FrErVarMax and FrErVarMed.
5.4.4

Localization metrics

Interaural time delay (ITD) and interaural level difference (ILD) are the main cues
for sound source localization [10]. The filtering effect of the outer ear, the frequency
selectivity of the inner ear, the hair cells and the auditory nerve behavior are modeled
as described in section 5.3.4. From the calculated binaural impulse responses ITD
and ILD is calculated for each frequency band.
In two-channel stereophonic reproduction sound sources can be placed on the
arc between an loudspeakers [20]. The loudspeakers are usually at ±30 ◦ , because at
a wider angle phantom sources become unstable [2]. Thus sound source localization
is evaluated only inside the ±30 ◦ sector. Single sound sources at different angles
can be simulated as described in section 5.3.2. Here the calculation of localization
cues and related metrics is done directly from the impulse responses of the desired
direction.
The ILD values are calculated from the binaural signal envelopes as a division
of the signal energies and it is expressed in decibels [68]. The ILDs are calculated
at all frequency bands and at evaluated directions with the formula:
!
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where ( pR ) is the right ear signal and ( pL ) the left ear signal, f is the frequency
band center frequency, k the intended angle of the sound source and N is the length
of the signals.
The calculated ILDs are translated into ILDAs (interaural level difference angle)
by comparing the ILD to reference ILD values. The reference values are calculated
from the impulse responses of the used HRTF database [14]. The reference ILDs
are calculated with equation (22) at all frequency bands and at different angles in
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the horizontal plane. The calculated reference ILDs are stored in a matrix. ILDs
calculated from the evaluated signal are compared to reference ILDs at the same
frequency band. The angle where the two ILD values match best is reported as the
ILDA.
Using only ILDs and ITDs it is impossible to determine whether the sound is
coming from the front or the back and from which elevation it comes. This leads
to a cone of confusion [15], as described earlier in chapter 5.4.4. In a real listening
situation the use of head movements and visual cues would move the direction
perception to the front in stereophonic listening. Since head movements are not
modeled the reference ILD matrix calculation is limited between ±45 ◦ . This way
only frontal ILDAs are predicted and false front-back confusion is avoided.
ITDs are calculated separately for every frequency band using interaural crosscorrelation. The cross correlation is calculated with equation (26) shown in chapter
5.4.5. The value of the time lag τ at the maximum of the interaural cross-correlation
function is the ITD of that frequency band [68]. ITDs are converted into ITDAs
(interaural time difference angle) with the equation:


f < 1.1 kHz
 sin−1 ITD·c
3r
(23)
ITDA(f ) =


−1 ITD·c
sin
f ≥ 1.1 kHz ,
2r
where r is the radius of the head and c is the speed of sound [11]. The diameter of
a KEMAR dummy head is on average 17.1 cm [12].
From the separately calculated ITDA and ILDA a combined localization estimate
is calculated. The ITDA and ILDA values are weighted according to duplex theory.
According to the duplex theory ITDs influence the localization of sound more at low
frequencies and ILDs more at high frequencies[13]. This weighting and combining
is done with:
θ = w(n)θILD + (1 − w(n))θITD ,
(24)
where n is the number of the frequency band, θ is the horizontal angle and w(n) is
a weighting function [69]. The weighting function is defined as [69]:

w(n) = 0.2
n≤9





w(n) = (n − 9)/13
9 < n < 20
w(n) =
(25)





w(n) = 0.8
n ≥ 20.
Rakerd and Hartmann [70] have found that as the binaural coherence decreases,
human sensitivity to ITDs decreases and more weight is given to ILDs. This effect
is modeled by weighting the ITDAs with the corresponding IACC values before
combining with ILDAs. This way, as the correlation between the left and right ear
signal decreases, the weight given to ITD cues also decreases.
For a real sound source in freefield the maximal ITD is approximately 600 µs
[71]. Larger ITDs are unnatural for real pointlike sources. In this thesis the ITD
cue is discarded if the temporal difference between the two ears gets bigger than 1
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ms. In these cases the localization estimate is set to the direction of the loudspeaker
that is on the same side as the ear in which sound arrived first. If the level of the
sound at the other ear is over 10 dB larger than the first one, it is assumed that
the first arriving sound is masked. The localization estimate is in this case set to
the direction of the loudspeaker that is on the side of the ear were sound arrived
later. Thus, if the calculated ITD is larger than 1 ms the localization is set to the
direction of one of the loudspeakers at −30 ◦ or +30 ◦ .
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Figure 17: Device E - Instrumental localization estimates for sound sources recorded
from between ±30 ◦ .
The localization estimates are displayed with a boxplot. In figure 17, there are
shown the estimated directions from which sound sources recorded from different
directions would be perceived when played back with a two-channel stereo setup.
The median values are used as the average localization estimates. Additionally
the boxplots show how spread the localization estimates calculated for different
frequencies are. From the notches of the boxplot it is seen whether there is a
statistically significant difference between the medians of estimates calculated at
adjacent angles.
In the calculation of the localization estimates some simplifications were made.
The average localization estimate for each sound recorded from a certain direction
is calculated as the median of the estimates calculated at different frequency bands.
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These average localization estimates are the medians shown in figure 17. All estimates for different frequency bands are given equal weight. The combining does
not depend on the shape of the frequency response, as a reasonably flat response
is expected over the 24 frequency bands. For example if some frequency band is
substantially attenuated compared to others, the estimate calculated for that band
is still given equal weight when combining localization estimates. Some weighting
may improve the localization esimates.
Another aspect that is not considered is frequency masking. If sound in one
frequency band is loud enough it may mask the localization at adjacent frequency
bands. This masking effect is not implemented in this work. This could possibly
be modeled by giving more weight to localization estimates calculated for frequency
bands that have more energy. The implementing of different weightings in the
combination of localization estimates is left for further studying.
A localization error is calculated for the earlier calculated localization estimates
at every frequency band by subtracting the localization estimates from the original
recording angle. The errors are calculated for sound recorded from between ±30 ◦ .
At all 24 frequency bands the mean, median and maximum values of the derived
errors are calculated between the different angles. These are again displayed with
a boxplot, as shown in figure 18. The boxplots show how the mean, median and
maximum errors vary with frequency.
The spreading of calculated sound source localization estimates for frontal sound
sources is presented as a distribution (figure 19). Localization estimates are calculated for sound sources recorded from inside a ±60 ◦ sector. The estimates are
calculated separately at all frequency bands. It is assumed that there is a connection between the perceived extent of a sound source and the size of the area to
which the perceived localization of different frequency components is spread [16].
For sound recorded from a single direction the calculated localization estimates are
first rounded to the closest 2.5 ◦ , because this is close to the human angle separation
accuracy for sound sources at the front [9]. Then it is calculated how many of the
24 frequencies are estimated to be localized at each direction between ±45 ◦ . This is
then plotted as a distribution that shows how many frequency components are predicted to be localized in each direction. In figure 19 are shown the the localization
estimate distributions for all sound sources recorded from inside ±60 ◦ .
The distributions in figure 19 are summed together to get an idea of how a broad
band sound stage recorded from ±60 ◦ is localized at stereo reproduction. This is
shown as a single distribution, shown in figure 20. From the distribution the center
of gravity is calculated (shown with a vertical line in the figure). The absolute value
of the center of gravity is used to estimate the distance between the perceived center
of the reproduced stereo image and the center of the loudspeaker setup. This calues
is given as a single number metric center_of_gravity.
5.4.5

IACC - metrics

Interaural cross-correlation (IACC) has been used to assess apparent source width
and spaciousness [72]. Choisell and Wickelmaie [66] have also shown that the inter-
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Figure 18: Device E - Mean, maximum and median errors of the localization estimates for sound sources recorded between ±30 ◦ .
aural cross-correlation coefficient correlates with the perception of apparent source
width, envelopment and spaciousness. The interaural cross-correlation is calculated
as the maximum of the cross-correlation function [6]:
R t2
IACC(τ ) = max qR t1
t2
t1

pL (t)pR (t) + τ dt
.
R t2
2
2
pL (t) dt t1 pR (t) dt

(26)

In equation (26) t1 and t2 define the time interval of the signal response within which
the cross correlation is calculated, pL and pR are the left and right ear binaural signals
and τ is the time lag that is added to one of the signals. The range of τ is usually
set between -1 ms and 1 ms, because the time it takes for sound to travel from one
ear to the other is of same order [6]. The cross-correlation is calculated for all values
of τ within the defined range and the interaural cross-correlation coefficient (IACC)
is the maximum value cross-correlation function.
The values of IACC are between 0 and 1. 0 means that the binaural signals do
not correlate at all and 1 means that they are the same. The value of IACC is often
reported as 1-IACC to get a value that is rising with growing dissimilarity. With
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Figure 19: Device E - Distribution of different frequencies in the localization estimates at stereoreproduction for sound recorded from inside ±60 ◦ .

increasing dissimilarity the sense of spaciousness, envelopment and apparent source
width increase. [6].
The IACC is calculated for all 24 frequency bands separately. An average value
is calculated from the frequency dependent IACC values. This metric is called
IaccDiff and it is assumed to describe the device’s ability to pass information about
source width and the sense of envelopment and spaciousness. It has been found that
better correlations between IACC and listener preference were obtained when the
averaging was done over 9 frequency bands [59]. The center frequencies of the bands
are between 570 Hz and 2160 Hz. A metric calculated as the average of the IACC
values at these 9 frequency bands is called IaccDiff_B.
Four metrics are calculated from the IACC derived from the single direction
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Figure 20: Device E - Combined distribution different frequency components of
localization estimates at stereo reproduction for sound recorded from inside ±60 ◦ .
impulse responses. For the first two metrics the median value from IACCs from
different directions is calculated at all frequency bands. Similarly the mean frequency dependent IACC values are calculated. The mean and median IACCs are
then averaged over all frequencies and the same 9 frequency bands as above with
the metric IaccDiff_B . These metrics try to predict the accuracy and stability of
single sound sources. In [70] it was found that human sensitivity to ITD cues decreases as interaural coherence decreases. The decreased sensitivity to ITDs is here
modeled with the IACC values. The derived metrics are named: IaccS_band_mean,
IaccS_band_median, IaccS_mean and IaccS_median.

5.5
5.5.1

Statistical tools
Box plots

A boxplot is an efficient way to plot data. In a boxplot you can see the median of
the data, the 25% and 75% percentiles, the 95 % confidence interval of the median,
the outmost values that are not considered outliers and the outliers in the data [3].
The horizontal line in each box denotes the median value. The notches in the boxes
denote the 95 % confidence interval of the median. The 25% and 75% percentiles
determine the area of values where 50 % of observations are. The whiskers are drawn
to the outmost values that are not considered outliers. Values more than 1.5 times
the box length away from either the 25% or 75% percentiles are considered outliers
and are drawn separately with crosses.
If the median is in the middle of the box, it indicates that the distribution is
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symmetrical, and the standard mean value can be used instead. The median value
is the value at which 50% of the observations of the data are higher and 50% are
lower. The 25% percentile is the value at which 25% of observations fall below and
75% above. The 75% and 25% percentiles determine the interquartile range, in other
words the area where 50% of observations are. From the 95% intervals it can be
seen if two medians are certainly from different distributions. If the notches of two
boxplots are not overlapping the difference between their medians is statistically
significant. [3]
5.5.2

Gage R&R method

The Gage R&R study analyzes the variation of measurements of a gage (repeatability) and the variation of measurements by operators (reproducibility). The standard
manner of performing a Gage R&R study is called the General Motors long form.
A minimum of two operators and 10 samples are used in this approach. Each
operator measures each sample twice with the same measurement system. An analysis of variance is performed to assess the repeatability and reproducibility of the
measurement system. [73] In this thesis the Gage R&R study is, due to resource
limitations, performed with two operators and four samples. The samples chosen to
the investigation were not randomly chosen. The four devices were chosen based on
instrumental results, in a way that the maximum amount of variation was present
in all results.
To calculate the repeatability and reproducibility the sums of squares, degrees
of freedom, the F-ratios and the variances are calculated in the analysis of variance.
The sum of squares is calculated by summing together the squared subtraction of
each observation and the mean of all observations. [60]The sample variation is thus
calculated with the equation:
P
P P
SSsample = rm=1 kj=1 ni=1 (xi − x)2
P
Pn
2
2
)
−
2x
(x
= ( ni=1
i
i=1 (xi 2) + nx )rk
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= ( Pi=1 (x2i ) − 2xnx + nx2 )rk
n
2
2
2
(x
)
−
2nx
+
nx
)rk
=( P
i=1 i
= ni=1 (x2i )rk − x2 nrk,
where n is the number of samples, k is the number of operators, r is the number of
repetitions, xi is the average of the measurements for sample i and x is the mean of
all measurements.
The operator variation is calculated with:
SSoperator =

k
X

(x2j )nr − x2 nkr,

(28)

j=1

where xj is the mean of measurements performed by operator j. The sampleoperator interaction is calculated with:
SSsample·operator =

n X
k
X
i=1 j=1

(x2ij )r

−

2
X
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n(x2i )kr

−

2
X
j=1

k(x2j )nr + x2 nkr.

(29)
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The overall variation is calculated with:
SSall =

n X
k X
r
X

(x2ijm ) − xnkr.

(30)

i=1 j=1 m=1

The variation caused by the measurement system can be calculated as:
SSrepeatability = SSall − SSoperator − SSsample − SSsample·operator .

(31)

The mean squares can be calculated from the sum of squares by dividing them
with the corresponding degrees of freedom [60]. The degrees of freedom are:
DFsample = n − 1,

(32)

DFoperator = k − 1,

(33)

DFsample·operator = (n − 1)(k − 1),

(34)

DFrepeatability = nk(r − 1),

(35)

DFall = nkr − 1.

(36)

The mean squares are then calculated as:
M Ssample =

SSsample
,
DFsample

(37)

M Soperator =

SSoperator
,
DFoperator

(38)

SSsample·operator
,
DFsample·operator

(39)

SSrepeatability
.
DFrepeatability

(40)

M Ssample·operator =
M Srepeatability =

The significance of each variation can be estimated with the F-ratios. With the
F-ratios it can be calculated how big an effect the variation in the samples, the
operator variation or the sample-operator interaction has on the repeatability [3].
The F-ratios are calculated with:
Fsample =

M Ssample
,
M Srepeatability

(41)

Foperator =

M Soperator
,
M Srepeatability

(42)

Fsample·operator =

M Ssample·operator
.
M Srepeatability

(43)

The significance of an F-ratio is acquired by comparing it to an f-distribution according to its degrees of freedom [74]. The significance boundary values of the F-ratios
can be checked from the table in [75].

52
Finally from the mean squares it is possible to calculate the following: the overall variance of the measurement process, the variance caused by the measurement
process, and proportion of the variance caused by individual variance components
of the overall variance. The individual components are the samples, the operators,
the measurement device and the sample-operator interaction.
2
= M Srepeatability ,
σrepeatability

M Soperator − M Ssample·operator
,
rn
M Ssample·operator − M Srepeatability
2
σsample·operator
=
,
n
M Ssample − M Ssample·operator
2
σsample·sample
=
,
kn
2
2
2
σrenewability
= σoperator
+ σsample·operator
,
2
σoperator
=

(44)
(45)
(46)
(47)
(48)

2
2
2
σR&R
= σrepeatability
+ σrenewability
,

(49)

2
2
2
σall
= σR&R
+ σsample·sample
.

(50)

2
σR&R
,
2
σall

(51)

The relationship

shows to what extent the overall variance is caused by operator, measurement system
and device variations. The amount of the overall variance caused by the variance in
the samples is calculated as:
2
σsample·sample
.
(52)
2
σall
If the first relationship is small and the second large the measurements are repeatable
and renewable. The bigger the latter relationship is, the better the variance can be
explained by differences in the samples.
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6

Results

The results of this work are presented and analyzed in this section. First in 6.1 the
listening tests made together with this study are briefly presented and their results
are analyzed. Next in 6.2 the results obtained from the instrumental measurements
are listed and analyzed. In 6.3 the listening test results and instrumental metrics are
compared. With statistical analysis the results are combined and the metrics that
correlate best with the listening test results are selected to the final model, that is
gone through in 6.4. Finally in 6.6 results of the Gage R&R analysis are presented.

6.1
6.1.1

Listening test results
Experiment setup

There were three different experiments done in two separate listening tests [41]. The
results of those listening tests were used in this thesis. The operative running of
these tests was not included in this thesis work.
Pink noise and male speech was used as stimuli in all three experiments. The
recordings with the devices were simulated by convolving anechoic noise and Finnish
male speech with impulse responses measured at the corresponding direction. The
time domain representations and the magnitude spectra of the two anechoic stimuli
are displayed in figure 21.
The first test investigated the localization of sound sources recorded from ±30 ◦
and reproduced with stereo loudspeakers. In the test the original sounds were played
from loudspeakers placed at 15 ◦ intervals. The recordings for corresponding angles
and amplitude panned sounds were played back with a two-channel stereo loudspeaker setup. The loudspeakers were hidden behind an acoustically invisible curtain. All sounds were played in a random order. The subjects were asked to draw
on a given paper form the area from which they perceived the sound to come from.
From the forms the direction of localization and the perceived width of the sound
source were interpreted.
Sound source localization was evaluated in five directions : −30 ◦ , −15 ◦ , 0 ◦ ,15 ◦
and 30 ◦ . With the noise samples perceptually wide sources were also simulated. The
wide sources were created by summing together incoherent noise signals simulated
in two different directions. The wide sources were placed between −15 ◦ and 0 ◦
and between 0 ◦ and 15 ◦ . With the amplitude panned sounds and the simulated
recordings the signals from the two angles were summed together and then played
from the stereo loudspeakers. 30 subjects participated in the listening test.
The second experiment investigated the effect of frequency response irregularities
on perceived sound coloration. In the third experiment it was studied what the
proportion of spatial quality and amount of spectral coloration is on overall quality.
The hypothesis is that if the amount of coloration is severe enough the spatial quality
doesn’t affect the overall quality anymore. This is based on Rumseys finding that
timbre counts for over 70 % of the sound quality perception [1].
In the second experiment sounds from single channels were played to the subjects
from straight ahead. The subjects were asked to evaluate the difference in sound
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Figure 21: Time and frequency domain representations of the two stimuli used in
the listening tests.
color compared to the reference sound. In the third experiment the recorded sounds
were played back with stereo loudspeakers and the subjects were asked to judge
the overall quality of the sound compared to the reference. The reference in this
experiment was sound that was placed to the designated direction with amplitude
panning. The listeners were advised to listen to changes both in perceived direction
and sound color.
Based on initial results from the instrumental measurements devices A-E were
chosen to be tested in the listening tests. It seemed that these five devices represented the extremes in all measured metrics. Devices A - D are smartphones and
device E is a professional level handheld stereo recorder.
6.1.2

Localization results

The localization results of the first listening test are displayed as a function of the
original recording angles in figures 22 and 23. From the results it is seen that with
all devices sounds recorded from the right are perceived more to the right than
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Figure 22: Localization of sound sources at different angles of incidence for Devices
A - D. Perceived localization is given as a function of recording angle.

sounds recorded from the left and vice versa. This means that at least some stereo
effect is present in all cases. In figure 24 are compared the relationship between
the localization results medians with noise and speech samples. The results are not
significantly different with speech and noise samples.
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Figure 23: Localization of sound sources at different angles of incidence for Device E
+ Amplitude panned reference and original sounds. Perceived localization is given
as a function of recording angle.

From figure 23 (e) and (f) it is seen that with the original sounds the sounds are
perceived accurately in the correct direction, both with speech and noise samples.
This indicates that the experiment setup was appropriate.
It was also found that in most cases the notches of the boxplots do not overlap.
Only in the results of device A at all adjacent angles and with devices B, D and E
with two angles the median 95% confidence intervals overlap. This means that there
is that much spreading in the results that the medians of measurements at these
angles might be the same. With the rest of the recorded samples, the difference
between the medians of the results is statistically significant. Thus all the tested
devices (except device A) are capable of passing separable localization information
of sound sources recorded at 15 ◦ intervals.
From figures 23 (c) and (d) it is noticed that sources placed in the middle of the

Localization result medians (noise samples) [angles]
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Figure 24: Perceived localization with noise samples vs. perceived localization with
speech samples.
two loudspeakers or in the direction of a loudspeaker are localized accurately. This
is in line with the principles of basic amplitude panning described in section 3.3.1.
The sources in the direction of a loudspeaker are produced with only one speaker
and are thus perceived accurately. In the middle both loudspeakers radiate exactly
the same sound and the perception is in this case accurately at the center. The
sounds that are panned to ±15 ◦ with the tangent law, are perceived closer to the
center.
A first order polynomial curve was fitted to the medians of the localization estimates. From this fitting it is seen that the localization angle follows the recording
direction linearly, at least when the sound is recorded from ±30 ◦ . The worst correlation R2 was attained with speech samples from device E and it was still larger
than 0.94.
Sound recorded from ±30 ◦ with devices A and B is perceived between −30 ◦ and
0 ◦ . This is probably due to the microphone placement, as explained in section 3.4.3.
In the recordings of devices C-E sound sources are perceived quite evenly around
the center axis, but inside ±15 ◦ . These devices produce a symmetrical stereo image
that is centered correctly in the middle of the loudspeakers, the image is however
quite narrow.
For each device the listening test results were combined into a single distribution.
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This was done by subtracting the median for each recording angle from the results
of the corresponding angle. Then the results were truncated as a single distribution
that had its median at zero. This way the overall deviation of the results could
be inspected. Table 1 shows standard deviation and variance of the localization
results with both speech and noise stimuli. There was more deviation in the results
attained with the noise stimuli than with speech stimuli. For five out of seven cases
the variance and standard deviation was bigger in the noise sample results than
in the speech sample results. The other way around they were only in the results
attained with devices A and C. Localization with the pinknoise stimulus seems to
have been more problematic for the subjects in this listening test.
Table 1: Listening test localization result deviation.
Device

Std
Speech
A
60,63
B
36,67
C
52,54
D
35,98
E
35,86
Amplitude panned 30,93
Original sounds
33,19

Std
Noise
52,46
41,35
41,04
62,10
43,43
78,71
86,77

Var
Speech
7,79
6,06
7,25
6,00
5,99
5,56
5,76

Var
Noise
7,24
6,43
6,41
7,88
6,59
8,87
9,32

The distance between the perceived directions of the sounds recorded from ±30 ◦
is used as an estimate of the width of the stereo image. The results are displayed
below in table 2. As expected, original sounds and the amplitude panned case have
the widest stereo images because in these cases the ±30 ◦ sources are real sources
produced with single loudspeakers. The other extreme is device A. For device A the
perceived distance between the two outmost sources was less than 10 ◦ with both
speech and noise stimuli.
The center of gravity of the localization results of the five sounds is calculated
to measure if the stereo image is tilted off center. The center of gravity is calculated
as the median of the five different localization scores for each device. The absolute
value of the center of gravity is used as an error measure that describes how far from
0 ◦ the center of the stereo image is perceived.
6.1.3

Perceived width

In the first listening test the subjects were asked to determine the area from which
the perceived width of the source was interpreted. It was noticed that the task
to determine the width of the sound source was very demanding for the subjects.
This is demonstrated in figure 25, where the spread of width evaluation is displayed
separately for each subject. The subjects whose medians were lowest and the results
had no variance as well as the subjects whose medians were the highest were removed.
The results of subjects 1, 4, 9, 24 and 25 were removed. The results were removed
only from the perceived width inspection. The results of these subjects were included
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Table 2: Listening test results : width of stereo image and center of gravity
Device

width
(noise)
10.5 ◦
19.5 ◦
16.75 ◦
22.5 ◦
17.5 ◦
65.75 ◦
64.5 ◦

A
B
C
D
E
F
R

width
(speech)
11.75 ◦
18.5 ◦
17 ◦
19.5 ◦
17 ◦
64.5 ◦
64.5 ◦

center of gravity
(noise)
11.25 ◦
9.5 ◦
3.7 ◦
2
0◦
1.75 ◦
0◦

center of gravity
(speech)
11.25 ◦
9.5 ◦
4◦
0◦
0◦
0◦
0◦

in other examinations. From the edited data the perceived widths for different
devices are displayed in figure 26.

Perceived width
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Figure 25: The perceived width of different sound samples by different subjects.
From figure 26 it was is seen within the different sounds from the same device
the width of different samples can’t be reliably separated. This conclusion is drawn
from the fact that the 95% confidence intervals overlap between all samples. There
is slight overlapping even with the original sounds that are played back from single
loudspeakers. The only broad sample that doesn’t overlap with the narrow samples
is sample 7 from the original sounds. Also only with the original sounds the median
values of the broad sources differ from the medians of the narrow sources.
In figure 27 the broadened sources of different devices are compared. It is seen
that the notches of the boxplots of all samples overlap with each other. The overlapping of the notches means that on average no difference between the widths of the
sound samples can be perceived when the sounds are played back with stereo loud-

60

Device : B
Width [deg]

20

40

2

3
4
5
6
Sample number
Device : C

7

20
0

1

2

3
4
5
6
Sample number
Device : E

7

20
0

1

2

3
4
5
6
Sample number

7

20
0

Width [deg]

40

1

40

40

Width [deg]

Width [deg]

40

Width [deg]

0

Width [deg]

Width [deg]

Device : A
40

40

1

2

3
4
5
6
Sample number
Device : D

7

1

2

3
4
5
6
Sample number

7

20
0

Device : Amplitude Panned
20
0

1

2

3
4
5
6
Sample number

7

Device : Original Sounds
20
0

1

2

3
4
5
6
Sample number

7

Figure 26: The perceived width of different Devices and samples. Samples 6 and 7
are the broadened samples.
speakers. Not even the broadened samples produced with two discrete loudspeakers
can be dissociated from the other samples.
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Figure 27: Comparison of broadened samples of different devices.
The fact that the width of the amplitude panned broad and narrow samples
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aren’t separable indicates that stereo reproduction alone broadens narrow sources.
It was also found that distinguishing the width of sources that are narrower than
15 degrees is almost impossible for inexperienced subjects, at least with the kind
of stimuli used in the experiment. To get accurate listening test results on source
width a trained listening panel would be needed [3]. Altogether it can be concluded
that accurate perception of width is weak with sound sources narrower than 15 ◦ .
The devices are not capable of delivering accurate width information and the stereo
reproduction system alone blurs the width perception substantially. Thus source
width is not considered an important factor and is not studied further.
6.1.4

Spectral coloration and overall quality
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The average results for each device in experiment two are shown in figure 28a. In
the figure noise samples are marked with _n and speech samples with _s. It is
seen that the difference in sound color is significant between the devices. All devices
expect D got better grades with speech samples than with noise samples. For device
D the grade difference was not statistically significant.
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Figure 28: Results of listening test experiment two and three. In figure (a) is
displayed the perceived average amount of coloration created by the devices with
speech and noise samples. In figure (b) is displayed the perceived average overall
quality of the devices with speech and noise samples. Speech samples are marked
with _s and noise samples with _n
The speech and noise results for devices A and D for all tested samples are shown
in figure 29. The frequency responses of the same tested channels from the devices
are shown in figure 30. Clearly the big attenuation at low frequencies is perceived as
coloration. From the two figures it is seen that the coloration perception depends on
frequency and whether the sound is attenuated or boosted. Sample four of device A
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is the only sample where the speech sample gets worse scores than the noise sample.
In male speech there is not so much energy at high frequencies and this may be one
of the reasons why in general worse scores are given for noise samples. For example
in the frequency responses of device A there are much more irregularities at mid
and high frequencies than at low frequencies.
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Figure 29: Devices A and D: Perceived coloration of noise and speech recorded from
five different directions. Noise results are on the left (marked with s) and speech
results on the right (marked with s)
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Figure 30: Devices A and D: Frequency responses of the five samples that were
tested in the coloration listening test.
The results of experiment three are shown in figure 28b.The overall scores are
similar with both noise and speech stimuli. It was found that both the correct
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localization of a sound source and sound color are important factors of overall sound
quality [41]. When the coloration error is low, the angle error affects the overall
quality strongly. On the other hand, if coloration error gets worse the effect of the
angle error decreases. This is in line with the original hypothesis.
6.1.5

Summary of the listening tests

Experiment one showed that with smartphones it is possible to record stereo sound
that includes directional information. The width of sound sources was found irrelevant when recording sound with smartphones and reproducing the captured sound
with stereo loudspeakers. It was also found that the differences in frequency responses have a substantial effect on perceived sound quality and if the frequency
response is bad enough, spatial quality is irrelevant. If the sound is not colored,
correct localization was found to have a big effect on overall quality [41]. Thus
developing stereo recording and the instrumental quality evaluation methods is justified.

6.2

Results of instrumental measurements

The results of the instrumental measurements are listed and briefly discussed in
this section. The measurements were performed for eight devices. The devices are
called device A, B, C, D, E, F, G and H. Additionally some of the metrics are
calculated for amplitude panned sounds. The amplitude panned sounds are used
as a reference that represents the best possible recording accuracy. The results
are analyzed more thoroughly in section 6.3, where the instrumental results are
compared to the listening test results. The instrumental results that correlate best
with the perceptual results are chosen to the final model that will be described in
6.4.
The measurements produce a number of additional figures for each device. These
figures include the magnitude and phase response of both channels at all measured
angles, the magnitude and phase response of both channels for the white noise
diffuse field simulation and the directivity pattern of both channels at five chosen
frequencies. These figures are given as additional information for the user of the
tool. These figures describe characteristics of the devices and they can be used to
locate the reason of weaknesses found by the instrumental metrics. For example if
the localization estimates are worse than expected one can look at the directivity
patterns and the frequency responses of different directions and look for anomalies.
The front-back ratio of the recording device is illustrated with three metrics:
FB_ratio_Left, FB_ratio_Right and FB_ratio_Average. The first two metrics
describe for both channels separately how much louder sound is captured from the
frontal 60 ◦ sector than from the rear 60 ◦ sector. The third metric is the average of
the two first ones. The results of the front-back ratio calculations are given below
in table 3.
In terms of front-back ratio the devices E, F and H are clearly the three best
ones. Device F is the best one and it captures sound on average 11.84 dB more from
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Table 3: Front to back ratio measurement results
Device FB_ratio_Left
A
11.43
B
1.86
C
6.73
D
1.17
E
9.94
F
12.71
G
1.99
H
6.17

FB_ratio_Right
-6.81
1.26
6.14
0.27
9.35
10.96
-5.65
10.37

FB_ratio_Average
2.19
1.55
6.45
0.72
9.65
11.84
-2.41
8.26

the front, whereas the worst device (G) captures on average 2.41 dB more sound
from the back.
The second group of metrics was derived to demonstrate the recording balance
between the left and right channel. The level balance between the left and right channels is calculated in the simulated diffuse field and for sounds from straight ahead.
These balances are illustrated with the metrics LR_ratio_diff, and LR_ratio_0.
Right_ratio , and Left_ratio show how much stronger the sound coming from the
same side as the recording channel is captured in that single channel than in the
opposite channel. These results are shown below in table 4.
Table 4: Left - Right ratio measurement results
Device LR_ratio_0
A
8.99
B
-0.42
C
1.35
D
0.20
E
0.42
F
0.73
G
1.16
H
-2.76

LR_ratio_diff
0.44
0.13
1.30
0.14
0.81
0,18
-3.20
0.14

Left_ratio
4.79
3.11
5.17
3.51
6.12
2,54
1.82
9.26

Right _ratio
-3.90
-0.36
3.27
3.22
4.94
1.16
4.49
8.66

Almost all devices seem to perform relatively well in terms of left-right balance,
except device A. The LR_ratio_0 of device A is 8.99, which means that sounds
coming from straight ahead are captured 8.99 dB louder in the left channel. This
could indicate that the stereo image is tilted to the left when sound captured from
the front is played back. Also the Left_ratio and Right_ratio of device A support
this hypothesis, since sound from both left and right is captured louder in the left
channel.
The third group of metrics is used to predict the amount of perceived spectral
coloration. The FrErDiff metrics describes how the amount of coloration in the
diffuse field magnitude response. FrErVarMaxL describes the maximal difference
between magnitude responses of different directions and the diffuse field response.
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FrErVarMed describes their average difference. Both of these metrics are calculated
for the left and right channel separately and their average values are also calculated.
The results are shown below in table 5.
Table 5: Frequency response coloration measurement results
Device
FrErDiff
FrErVarMaxL
FrErVarMax R
FrErVarMedR
FrErVarMedL
FrErVarMaxAv
FrErVarMedAv

A
47,34
20,48
13,43
6,4
2,91
16,96
4,66

B
74,47
21
20,47
10,54
10,03
20,74
10,29

C
14,65
14,75
12,36
1,71
1,68
13,55
1,7

D
170,48
5,28
5,95
0,46
0,5
5,61
0,48

E
28,63
8,65
7,14
1,72
1,51
7,89
1,62

F
58,47
15,66
15,33
4,68
5,02
15,5
4,85

G
26,75
5,29
11,56
0,52
1,83
8,42
1,18

H
42,39
14,58
18,55
3,59
2,54
16,56
3,06

Magnitude (dB)

From the FrErDiff results it is seen that the diffuse field frequency response of
device D is clearly the most colored. This can be expected also by looking at the
diffuse field frequency responses (figure 31). Up untill 400 Hz sound is attenuated
more than 10 dB in the response of device D and also at high frequencies the response
drops earlier than with other devices. Thus the response of D is clearly furthest of
being flat.
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Figure 31: The diffuse field frequency responses of devices A-E.
The rest of the results in table 5 describe how much the shape of the frequency
response varies depending on angle. With these metrics device D gets the best
results. This means that the device doesn’t change the spectrum of the sound
differently at different angles
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The coloration estimates of separate angles for devices A-E are presented in figure
32. The results displayed in this figure can be used to evaluate at which angles the
spectral coloration is most severe. The spectral coloration results of a single device
at different angles are given with a polar plot (figure 33).
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Figure 32: Predicted spectral coloration at all recording angles, devices A-E.

Spectral coloration at different angles
o

−30

0o150
120

30o

90

−60o

60o

60
30

−90o

90o
30
60
o

o

90

−120

120

120
o

−150

150
o

150o

180

Left Ch. coloration
Right Ch. coloration

Figure 33: Device B: Predicted spectral coloration at all recording angles as a polar
plot representation.
Estimates for sound source localization were calculated as described in section
5.4.4. The predicted localization results of device C are shown in figure 34. The
predicted localization estimates are shown in figure 34a as a function of the recording
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direction. The median values, marked with a horizontal line, are used as the estimate
of average sound source localization. The error metrics of figure 34b are calculated
with the assumption that a sound source recorded from, for example, 30 ◦ is supposed
to be localized at 30 ◦ in stereo reproduction.
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Figure 34: Device C: Instrumental localization results.
From the distributions of figure 34c it can be seen how much the localization of
different frequencies is spread in space. The distributions are calculated for recording
angles between ±60 ◦ . The vertical red lines mark the same median value as the
median values of figure 34. It was assumed that the spreading of different frequencies
could correlate with the perceived width of sound sources. The distribution in figure
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34d is attained by summing all the single direction distributions together. From this
figure it can be judged how sound recorded evenly from between ±60 ◦ is spread
between the loudspeakers at stereo reproduction.
In section 5.4.5 two kinds of IACC metrics were described. The first set of metrics
was derived from the diffuse field approximation. They were assumed to correlate
with apparent source width and the sense of envelopment. The second set of IACC
values was calculated for the single sound sources. They were assumed to have a
connection to the accuracy of single sound sources. They were especially thought
to be connected to the sensitivity to ITD cues [70]. All IACC results are below in
table 6.
Table 6: IACC metric instrumental results.
Device
IaccDiff
IaccDiff_B
IaccS_mean
IaccS_median
IaccS_band_mean
IaccS_band_median

6.3
6.3.1

A
0,26
0,34
0,95
0,96
0,98
0,98

B
0,22
0,28
0,95
0,96
0,96
0,97

C
0,29
0,35
0,98
0,98
0,98
0,99

D
0,36
0,38
0,97
0,97
0,98
0,99

E
0,27
0,28
0,97
0,97
0,98
0,98

F
0,2
0,24
0,99
0,99
0,99
0,99

G
0,28
0,34
0,97
0,97
0,97
0,98

H
0,33
0,37
0,97
0,97
0,97
0,97

Correlation between instrumental and perceptual results
Localization metrics

In this section the instrumental localization results are compared with the listening
test results presented in 6.1.2. The accuracy of the localization estimation is discussed first. Then the calculated center_of_gravity and stereo_width are compared
to corresponding values got from the listening test.
The accuracy of the localization is evaluated by drawing the instrumental localization estimates as a function of the listening test results and fitting a first order
polynomial curve to the data. The medians of the frequency dependent instrumental
estimates and the medians of the listening test result are used as the average localization results. The fit between instrumental estimates and listening test results of
speech samples is presented in figure 35 and with noise samples in figure 36.
The results of two subjects were removed from the listening test data because
their localization results were not consistent with the results of other listeners. These
two subjects were listeners who didn’t work with sound or audio and within all
subjects they were the ones who listened to music or watched movies the least.
The instrumental model produces localization estimates that are consistent with
listening test results. The correlation between the instrumental estimates and average localization results was R2 0.81 with normalized Root-mean-square deviation
(NRMSD) 0.0703 with speech samples. With noise samples the correlation was R2
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Figure 35: Listening test speech sample localization results compared to instrumental localizationestimates. Correlation between listening test results and instrumental
estimates was R2 0.80956 with NRMSD 0.070327.
0.74 with NRMSD 0.102. The correlation is good in both cases. The model fits
slightly better with the male speech listening test results.
As stated in section 6.1.2 there is more deviation in the listening test results with
noise samples than with speech samples. The more spread listening test results may
be a reason why the instrumental model fits worse with noise sample results. To
verify this more accurate listening test results with trained listeners are needed.
In figure 37 the instrumental localization estimates are compared to listening
test result medians. The correlation between the median of the listening test results
and the instrumental estimates is extremely good. The correlation is R2 0.948 with
speech samples and R2 0.951 with noise samples. This supports the idea that the
worse correlation in figure 36 compared to the correlation in figure 35 is due to wider
spread of the listening test results. However considering that the developed method
is intended to evaluate directional quality of devices that are not very accurate, the
performance of the localization prediction is sufficient.
The frequency dependent localization estimates are displayed as distributions
as shown in figures 34c and 34d. From the medians in the first figure a metric
called stereo_width can be calculated as the distance between the left and right
most localization direction. This was assumed to describe the width of the area in
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Figure 36: Listening test noise sample localization results compared to instrumental
localization estimates. Correlation between listening test results and instrumental
estimates was R2 0.73683 with NRMSD 0.1016.
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Figure 37: Listening test localization results medians compared to instrumental
localization estimates. Correlation between speech sample result medians and instrumental localization estimates was R2 0. 9479 with NRMSD 0.0413. With noise
samples the correlation was R2 0. 9514 with NRMSD 0.0404.
which localization information of point like sources is captured accurately by the
recording device. The absolute value of the median of the latter figure is called
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center_of_gravity. It is assumed to describe how much apart from 0 ◦ the center of
the stereo image is. In other words it describes the direction bias of the reproduced
stereo image.
From figure 38 it can be seen that with some devices the localization of different
frequency bands of a single sound source can be widely and irregularly spread. It
has been studied that the spreading of frequencies components creates spatially wide
sources [16]. From the listening tests it was concluded that perceived width is not
an important factor in this study and thus the spread of the sources is not further
examined.
In figure 39 are the localization estimates for the amplitude panned sounds. It
is seen that the estimated localization is very sharp for sound panned to the center
of the loudspeakers. Suprisingly the localization estimates calculated for sounds
from ±30 ◦ are relatively spread. Sound at these angles is played back with a single
loudspeaker and it was assumed that they would also be very sharply perceived in
the correct angle. These results are not connected to listening test results, but they
give relevant information about the spreading of estimates calculated for sounds
coming from different directions.
In section 6.1.2 the deviation of the listening test localization results was found to
depend more on the used stimulus and the subject than the tested sample. Therefore
no instrumental metrics were connected to the spreading of the listening test results.
From figure 38 it is seen that sound sources recorded with some devices are not
divided evenly around a single center point at reproduction. For example sound
recorded from 0 ◦ is at reproduction perceived from 10 ◦ and the sounds recorded
from ±15 ◦ are perceived at −10 ◦ and −2, 5 ◦ . Thus the value of the center of
gravity will change as different amount of angles are added to the calculation. Also
the area from which sound is recorded affects the center of gravity. The listening
tests were made only with sound recorded from ±30 ◦ and thus the calculated center
of gravity or the stereo image width can’t be connected to listening test results. If
the directional patterns of the recording device would be perfectly symmetrical, this
kind of a metric could work.
When the principles of stereo recording [2] [36] [38] [39] were further considered,
it was understood that the angle error metrics presented for example in figure 34b
are irrelevant. The metrics were calculated with the assumption that sound recorded
from a certain angle should be reproduced to the same angle in loudspeaker playback.
It was realized that this is not how stereo recording is supposed to work. Thus the
three angle error metrics are discarded.
6.3.2

Front-Back ratio

In the listening tests only sound recorded from the ±30 ◦ sector was evaluated. Thus
nothing about the perceptual front-back relations can be said. From the results in
table 3 it can be seen that the measured devices differ from each other in terms
of the measured front-back ratio. Even though the instrumental front-back ratio
metrics can’t be connected to any perceptual data they are considered relevant
metrics. In addition to frequency response and directional patterns they provide
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Figure 38: Device A, Frequency dependent Localization distributions for sound
sources recorded from between ±60 ◦ .
easy to understand information that can be useful for those who develop recording
devices.
6.3.3

Left-Right ratio

The results of the Left-Right ratio metrics are presented earlier in table 4. These
metrics were assumed to contain information on whether sound recorded from straight
ahead is reproduced correctly to the center of the stereo image and if sound recorded
in a diffuse field is reproduced at equal levels in both channels. The balance of the
stereo image and correct left-right localization was assumed to correlate with the calculated relationships that describe how much louder sound from the right is recorded
in the right channel than in the left and vice versa.
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Figure 39: Amplitudepanned, Frequency dependent Localization distributions for
sound sources recorded from between ±30 ◦ .
When the calculated metrics were compared to the listening test results presented
in section 6.1.2 it was found that these straightforward metrics are not able to
produce any useful information about the perceptual distribution of sound sources.
It was found that more complex factors affect the localization than the straight
forward relationship of the channel magnitudes.
6.3.4

Spectrum coloration metrics

The FrErDiff metric was calculated to predict the spectral coloration produced by
a recording device on average. In figure 40 the instrumental estimate of average
spectral coloration results are compared to the spectral coloration listening test
results shown in figure 28a. The median values of the listening test results are used in
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the comparison. The results attained in listening tests with speech stimuli correlated
extremely well with the instrumental estimates (R2 was 0,978 and NRMSD 0.07).
With results got with pink noise the correlation was slightly worse (R2 was 0,823
and NRMSD 0.157). In both cases the correlation is very good and the RMS error
is relatively low. Thus the FrErDiff produces sufficiently reliable estimates about
perceived average spectral coloration.
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Figure 40: Predicted average spectral coloration as a function ofperceived average
spectral coloration. Correlation between instrumental estimates and listening test
results with speech samples was R2 0.97716 with NRMSD 0.069994. With noise
samples the correlation was R2 0.82269 with NRMSD 0.015697.
For single directions the amount of spectral coloration is calculated separately
for both channels, as presented in figure 32. In the listening test the amount of
perceptual spectral coloration was measured for five samples from different angles
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for all five devices. The instrumental estimates of the same five samples are compared to the listening test results in figure 41. The model fits well with the speech
sample results, R2 was 0,901 and NRMSD 0.11. In the noise sample listening test
results there was a lot more deviation and the fit between the instrumental model
and the perceptual results is worse, R2 was 0,673 and NRMSD 0.183. All in all
the instrumental model seems to produce consistent results compared to spectral
coloration listening test results, at least with speech sample results.
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Figure 41: Predicted single sample spectral coloration as a function of perceived
coloration. Correlation between instrumental estimates and listening test results
with speech samples was R2 0.90075 with NRMSD 0.10959. With noise samples the
correlation was R2 0.67304 with NRMSD 0.18281.
The variance metrics in table 5 were calculated to predict the amount of variation
of the perceived coloration as a function of recording direction. It was found that the
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deviation of the perceived spectral coloration depends largely on the used stimulus.
As the deviation is different with different stimuli no single number metric was found
to successfully illustrate the perceptual coloration variation. Thus all the spectral
coloration variance metrics were discarded.
6.3.5

IACC metrics

IACC has been used to predict apparent source width (ASW) and envelopment [72].
Binaural coherence has been found to be connected with human sensitivity to ITD
cues [70]. The IACC metrics described in section 5.4.5 were calculated to predict
these effects.
Perceived width was found irrelevant for this study in the listening tests. It has
been suggested that ASW relates rather to the spreading of localization at different
frequencies than to the amount of correlation in the signals at the two ears [16].
Thus the diffuse field IACC metrics are dropped out.
In the listening tests no useful data was found that could be used to evaluate
the localization accuracy of a single sound source. Also the instrumental results in
table 6 show very little variation between the different devices. Also all the IACC
metrics calculated for single sound sources are discarded.

6.4

Final model

In section 6.3 the results calculated with the instrumental model were compared to
the listening test results. Based on the results and discussions, the relevant parts of
the instrumental model were chosen to the final model. The calculations that were
found irrelevant were removed from the final prediction model. In this section the
final model is summarized and presented.
The measurement procedure is as explained in section 5.2. In the first phase
of the analysis the impulse responses for every measured angle are calculated. The
magnitude and phase response of both channels are calculated and given as figures.
The diffuse field frequency response is calculated and the 1/3 octave smoothed magnitude and phase responses are given as a figure. The directivity patterns of both
channels are calculated at any five given frequencies in the range between 100 Hz
and 20 kHz. The directivity patterns are drawn in one single figure.
The FB_ratio_Left and FB_ratio_Right values are provided as single number
metrics, even though they couldn’t be connected to any perceptual results. They are
assumed to provide relevant information in the development of a recording device.
These metrics illustrate the amount of sound captured form the front compared to
the amount captured from behind. The metrics are given on a decibel scale and a
larger number means that more sound is captured from the front and less from the
behind.
The amount of average coloration the device induces to the sound is predicted
with the FrErDiff metric. This single number metric is the average of the areas between the energy spectrums of the diffuse field approximation left and right channel
responses and the energy spectrum of a signal that has a flat magnitude spectrum. A
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smaller number means that the magnitude spectrum is closer to flat. In section 6.3.4
this metric was found to have a good correlation with perceived sound coloration.
The amount of coloration at separate angles is also calculated. The results are
given as a figure in which the amount of coloration is plotted in a polar plot as a
function of recording angle (figure 33). The spectral coloration estimates were found
to correlate well with listening test results, especially with speech sample results.
From these angle dependent figures it can be seen how the amount of coloration
changes with source direction and at what directions the coloration is most severe.
The average localization estimates correlated well with the listening test results.
The average localization estimates for sources recorded inside ±30 ◦ are given as
single numbers. The spreading of estimates at different frequency band is displayed
with a boxplot.
The localization estimates are also calculated for sources recorded from inside
±60 ◦ . The distributions of the localization estimates at each frequency band are
given as distributions (figure 34c) which show the spread of different frequency
components in different directions. In this figure the vertical line denotes the median
value that is the same average localization estimate as above.
When the distributions of different angles are summed together, a single distribution is created that shows in what way the localization of sound sources recorded
from ±60 ◦ is divided. The vertical line is the median and its absolute value is called
Center_of_gravity. Although it couldn’t be connected to listening test results it is
provided as a single number metric. The purpose of this metric is to give an idea
about much off the center axis the center of the stereo image is perceived.
All figures and metrics produced by the final model are listed below in table 7.

Table 7: Final model output.
Figures
24 two channel frequency response plots
Diffuse field frequency response
plot
Directivity pattern
Localization estimates as a boxplot
Combined localization distribution
Single direction localization distributions
Frequency response error for single directions

Metrics
FB_ratio_Left
FB_ratio_Right
FrErDiff
Average localization estimates for
sound recorded between ±30 ◦ .
Center_of_gravity.
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6.5

Automatic gain control (AGC)

Automatic gain control (AGC) is a functionality that is used in many smartphones
and other recording devices. This means that the gain is adjusted according to the
level of sound that is recorded. This is usually done frequency dependently. AGC
may create problems for the measurement method presented in this thesis.
If the gain control is very aggressive the microphone gain might change during
the recording of the logarithmic sweeps used in the impulse response measurement.
The gain is in some cases adjusted separately for every frequency and thus it might
start to adjust itself during playback of the sine sweep.
Playing back a broadband signal before each sweep at the same level might
give the gain time to adjust correctly before the sweep is played. However, when
the sweep starts at low frequencies, the missing of higher frequencies may lead
to the gain to start adjust itself at higher frequencies. One possible solution to
avoid AGC problems could be to use Maximum length sequence (MLS) technique
in impulse response calculation instead of sine sweeps. Because an MLS sequence is
a broadband signal the gain should not start to adjust itself during recording.

6.6

Repeatability and renewability of the measurements
Table 8: Gage R&R final results.
Metric
FB_ratio_Left
FB_ratio_Right
FrErDiff
−30 ◦ estimate
−15 ◦ estimate
0 ◦ estimate
15 ◦ estimate
30 ◦ estimate
Center_of_gravity

2
2
σR&R
/σall
0.42 %
0.32 %
0.48 %
1.69 %
5.99 %
1.92 %
5.33 %
1.84 %
3.95 %

2
2
σsample·sample
/σall
99.58 %
99.68 %
99.52 %
98.31 %
94.01 %
98.08 %
94.67 %
98.16 %
96.05 %

The repeatability and renewability of the instrumental measurements was estimated with the Gage R&R method [73]. The method and the used equations were
briefly explained in section 5.5.2. The calculations were carried out for the 9 single
number metrics that were chosen to the final model. The metrics are listed above
in table 7.
For the Gage R&R study two operators measured four devices. Each device was
measured twice by both operators. From the measurements all the 9 final model
metrics were calculated. For the measurements the sums of squares, degrees of
freedom and mean squares were calculated as explained in 5.5.2. In this section the
F-ratios are discussed. The relationship of the sample variance to the overall variance
and the relationship of the repeatability and renewability variance to the overall
variance are also discussed. Complete Gage R&R results are given in appendix A.
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The F-test values were calculated for the sample, operator and the sampleoperator interaction. The significance of the F-values was judged by comparing
them to the boundary values in table [75]. The 0.05 significance level was pursued.
The correct boundary value in the table was chosen based on the degrees of freedom
of the mean squares used to calculate the F-ratio. For all 9 metrics it was found
that the variability in the samples has a significant effect on the measurements. At
the same time it was found that the operator variability and the sample-operator
interaction did not have significant effect on the measurements.
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Figure 42: Predicted coloration of devices B, C, D and E as a function of recording
angle. Left channel in the upper figure and right channel in the lower figure.
The sample variance and the repeatability and renewability variance were compared to the overall variance. The results of these comparisons are in table 8. The
results show that even in the worst case (−15 ◦ localization estimate) over 94% of
the variance in the measurements can be explained by variation in the measured
samples and less than 6% of the overall variance is explained by variations caused
by the operator or the measurement system.
The measurements are repeatable and renewable, since over 94% of the variance
can be explained by variations in the samples. At a 0.05 significance level only the
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Figure 43: Device B time domain representation of all four recorded signals from
−90 ◦ .
sample variations are significant.
The predicted coloration as a function of recording angle for both channels and
all devices is shown below in figure 42. The estimates calculated from the four
different measurements are plotted with different colors. It is seen that in general
the estimates are stable between different measurements. Especially the estimates
of devices C and D are almost completely similar for all four measurements.
The estimates of device B and E vary at some angles. For example for device
B at angle −90 ◦ (figure 42a) the estimate calculated from the first measurement
gets a clearly higher value than the estimates calculated from the three other estimates. In figure 43 are plotted the time domain representations of the four measured
repetitions. It is seen that between 2 and 4 seconds in measurement 1 the signals
has clipped. This has probably caused the automatic gain control to attenuate
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the microphone signal, which is seen as attenuation right after the clipping. This
attenuation in the microphone signal is probably the reason why the calculated coloration estimate differs largely from the three others. There were differences in the
coloration estimtes found also at other points, as seen in figure 42. No clear causes
for those were found. These differences can be caused by any small differences in
the recorded signals.
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7

Summary and conclusions

Smartphones are these days more and more used as video cameras. Stereophonic
audio capture is included in the most advanced devices. To be able to improve
and ensure the recording quality, the quality of the recorded audio needs to be
measured. Listening tests are the traditional way to assess audio quality, but they
are arduous and time consuming [3]. The goal of this thesis was to develop an
instrumental measurement and analysis method that can be used to evaluate the
quality of stereophonic audio captured with mobile devices.
First an introduction to sound and how humans hear was given as background
knowledge. Different spatial attributes of sound and how humans perceive them were
discussed. Spatial audio reproduction, processing and recording techniques were
presented. The concepts of sound quality and spatial sound quality were defined
for the scope of this thesis and present methods to evaluate sound quality were
reviewed.
Impulse response measurements in the horizontal plane were chosen as the basis
of the measurement method. Measurements were made at all directions with a 15 ◦
angle resolution. A measurement setup and recording procedure that can be used
to efficiently measure impulse responses from all directions at given angle resolution
was defined.
Frequency responses for all measured horizontal angles and both channels were
calculated from the impulse responses. Directivity patterns were calculated for the
microphone channels. From the impulse responses and frequency responses a large
number of instrumental metrics were calculated. The metrics were intended to
estimate sound source localization, source width, envelopment, the accuracy of localization estimates and spectral coloration in two channel loudspeaker listening.
Three listening test experiments [41] were conducted in tandem with the development of the instrumental measurement system. In the first experiment the
localization of sound sources was studied in a case where sound was recorded from
inside ±30 ◦ and produced with stereo loudspeakers. The perceived source width was
also investigated in the first experiment. The second experiment was conducted to
evaluate the amount of spectral coloration that the tested devices add to the recordings. The third experiment studied the proportion of direction accuracy and spectral
coloration on perceived overall quality. Four smartphones and one professional level
portable stereo recorder were the tested devices.
In the listening test results it was found that smartphones are capable of recording sound that includes information about sound source localization. It was also
found that both direction accuracy and spectral coloration have a significant effect
on overall quality. Source width was found to be irrelevant when sound is recorded
with smartphones and reproduced with stereo loudspeakers. The localization capabilities of the tested devices were close to what was expected.
A good correlation was found between the calculated instrumental localization
estimates and the listening test localization results. A R2 0.89 correlation between
predicted localization estimates and speech listening test results was achieved. With
noise sample listening test results the correlation was R2 0.74. The prediction model
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fitted better with speech sample listening test results than with noise sample results. Good correlations were also found between predicted and perceived spectral
coloration. The average coloration of each device correlated with the average coloration estimate with R2 0.98 with speech samples and R2 0.82 with noise samples.
Between single sample coloration results and corresponding estimates the correlations in same order were R2 0.90 and R2 0.67 All metrics that were calculated to
predict apparent source width or envelopment were discarded.
Based on the comparison between the listening test results and the instrumental calculations the metrics and figures that were included in the final model were
chosen. The final model is a set of Matlab scripts that perform the analysis automatically. In the future the Matlab scripts will be integrated to other testing
environments. Nine single number metrics and 30 figures were included in the final
model. The model produces estimates of perceived direction in stereo reproduction
for sounds recorded from different directions. The model can be used to estimate
the perceived average coloration and the coloration for sounds recorded from single directions. Also the direction of the center of the produced stereo image and
the front-back relations are estimated. Additionally the frequency responses of all
recorded directions and in a simulated diffuse field are provided as well as the microphone channel directivity patterns.
For the intended use the developed model is performing well. The model gives
accurate estimates on which direction sound recorded from a certain direction is on
average localized when reproduced with stereo loudspeakers. The estimates seem
to work well, although many simplifications were made when implementing the
localization estimation. A large number of useful figures and data is produced that
can be used in evaluating the quality of stereophonic audio.
A Gage R&R study was performed for the metrics included in the final model.
In the Gage R&R procedure the reproducibility and renewability of a measurement
system are studied. The result of the study was that even in the worst case over
94 % of the overall variance in the measurements can be explained by variation
in the samples chosen to the study. Less than 6 % of the overall variance is explained by variations caused by the operator or the measurement system. Thus the
measurements are reproduceable and renewable.
In the future headphone listening should also be modeled. Video material that
is recorded with smartphones is often watched directly from the device and listened
with headphones. The modeling of headphone listening could be done simply by
removing the crosstalk implementation from the auditory model. A new set of
listening tests would be needed to validate the models performance compared to
headphone listening. With small modifications the model can be extended to work
with multichannel audio recording.
Automatic gain control (AGC) may create problems because the impulse responses are measured with logarithmic sine sweeps. AGC adjusts the microphone
gains frequency dependently according to the sound level that is recorded. The
possibility that the gains will start to adjust them selves was not considered in
the development of this measurement method. Some methods that take AGC into
account need to be implemented in the future.

84
More accurate listening test results could be achieved with a trained listening
panel [3]. It remains slightly unclear whether the determination of the width of
sound sources was just a difficult task for the subjects or if width information just is
not present in stereophonic audio recorded with smartphones. This question could
be answered in a more exhaustive listening test. However, the evaluation of width
is probably not very relevant in stereo recording. If the measurement system is
extended to assess quality of multichannel recordings the evaluation of source width
may become more relevant.
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-0,000926774
4,105978678 -0,030670937 0,129010014
-0,006330158
-1,96269825 0,045378282 0,027569688
7,951572959
2583,16315
4,98027389 8,671183346
-0,007256932
2,143280428 0,014707345 0,156579702
0,025482293
12,56277447 0,085670042
0,55280404
7,977055252
2595,725924 5,065943932 9,223987386

99,58 %

FB-Ratio L
[dB]
1,507217156
1,635149296
6,185120615
6,213434333
0,235696814
0,280047614
8,907375242
9,530926997
1,713843755
1,68048658
6,348940339
6,216901903
0,39017549
0,42761014
9,302447999
9,619266087
207,9191926
0,090707017
0,013389668
208,2874263
0,264136993
3
1
3
8
15
69,30639753
0,090707017
0,004463223
0,033017124
2099,104612
2,747271894
0,135179021
0,033017124
0,010780474
-0,007138475
8,662741788
0,003641999
0,036659123
8,699400911
98,08 %

1,92 %

Loc-Med (0)
[deg]
-11,60625698
-11,60319163
-1,579136691
-2,896030571
0
0
0
-0,71942446
-11,61038701
-11,61083071
-2,89391526
-2,896036182
0
0
-1,914514112
-1,079136691
340,6646913
0,810350869
0,914874483
343,8647419
1,474825287
3
1
3
8
15
113,5548971
0,810350869
0,304958161
0,184353161
615,9639277
4,395644018
1,654206305
0,184353161
0,063174088
0,03015125
14,15624237
0,093325339
0,277678499
14,43392087
94,67 %

5,33 %

Loc-Med (15)
[deg]
-6,252031074
-8,69386573
0,953101111
1,393927148
5,746592864
4,29755251
0,975679762
0,97222675
-5,677135249
-6,75787143
1,407227313
0,691690455
5,763051332
4,8088202
0,75961491
1,914293913
303,6339584
0,772864328
1,020061246
311,5171031
6,090219148
3
1
3
8
15
101,2113195
0,772864328
0,340020415
0,761277394
132,9493301
1,015220384
0,446644572
0,761277394
0,054105489
-0,105314245
12,60891238
-0,051208756
0,710068638
13,31898102
98,16 %

1,84 %

0
0
9,294807476
7,495543754
13,32818226
14,31284572
5,699901397
5,303584589
0
0
8,619867619
7,524066037
13,89955446
13,21655867
5,311735028
5,724864809
389,6314588
0,080971345
0,092650607
392,9060405
3,100959825
3
1
3
8
15
129,8771529
0,080971345
0,030883536
0,387619978
335,0631037
0,208893632
0,079674778
0,387619978
0,006260976
-0,089184111
16,23078367
-0,082923134
0,304696844
16,53548052

Loc-Med (30)
[deg]

96,05 %

3,95 %

Cent. Of Grav
[deg]
-10
-12,5
-5
-5
0
0
0
0
-12,5
-10
-5
-5
0
0
0
0
342,1875
0
0
348,4375
6,25
3
1
3
8
15
114,0625
0
0
0,78125
146
0
0
0,78125
0
-0,1953125
14,2578125
-0,1953125
0,5859375
14,84375

A

1
1
1
1
1
1
1
1
2
2
2
2
2
2
2
2

Operator repetition
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