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Abstract 
This master's thesis was carried out at Volvo Car Corporation in 
Gothenburg, Sweden. The purpose was to find objective measures 
for the spatial properties of the sound image in the car 
compartment. Two objective binaural measures, FIACC and 
perceived frequency response, have been found to describe these 
spatial properties as perceived by the human auditory system. Due 
to the decorrelating characteristics of the car compartment, 
frequencies below 1000 Hz were found to be most important when 
measuring the localization. 

The measures were implemented in a tuning procedure as a 
complement to the subjective tuning methods used today. Through 
the introduction of a phantom source a more symmetrical sound 
image was achieved, compared to most car audio systems. 
Furthermore, the phase relationship between the front speakers 
was found to be of great importance for the perceived center 
impression. Spaciousness, simulated by the Dolby Pro Logic II 
decoder, was found to increase with additional rear speakers. 
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1 INTRODUCTION 

1 Introduction 
The sound image of the car audio system in a high quality vehicle 
is an essential part of the customer's total experience. With the 
comparably quiet car compartments of today, the possibilities of 
high fidelity musical experiences are greater than ever. As the 
audio system in a modern car is likely to be integrated with 
warning and information sounds, telecommunication features and 
satellite navigation system, the in-production tuning of the car 
audio system is of the utmost importance. 

Volvo Car Corporation has, with the introduction of Soundstages 
(the possibility of optimizing the sound for different seating 
positions), improved the car sound but also increased the tuning 
work load. Being able to objectively measure the sound image 
could be a first step in the direction of making the tuning more 
general. The purpose of this thesis is to find objective measures for 
the spatial properties of the sound image in the car compartment. 
These measures are to be implemented in a general tuning method, 
as a complement to the subjective tuning methods used today. 

Chapter two describes the background to the thesis, the traditional 
properties of a sound image and some issues more specific to car 
audio. 

Chapter three contains a brief explanation of the acoustical 
concepts and signal theory applicable to this thesis report. 

Chapter four sets out to describe the experiments carried out by 
the authors with the results and analysis in chapter five. 

Chapters six and seven further discuss the implications of the 
results and the further development of the issues at hand. 

Finally, chapter eight and nine contain a list of references and 
appendices, respectively. 
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2 BACKGROUND 

2 Background 
2.1 The Properties of a Sound Image 

The properties of a sound image can be divided into two groups, 
namely its spatial properties and spectral properties (timbre). 
Using music as source material, the process of creating a sound 
image is highly subjective, depending on the musical style and 
preferences of the producer, mixing engineer and artist. The 
finished track will also be influenced by a number of factors in the 
listener's environment, the most important being the room itself 
and the positioning of the speakers. The room will affect the 
frequency response, changing the listener's perceived spectral 
properties of the track. The perceived spatial properties will also 
be manipulated through the acoustical qualities of the room, most 
notably the geometric relationship between the listener and 
speakers. Furthermore, the spatial properties can be divided into 
two terms, localization and spaciousness [1]. 

2.1.1 Localization 
The ITU-R BS.775 recommendation is adopted globally in the 
recording and broadcasting industry to ensure good compatibility 
between different productions, cinematic as well as musical [2]. 
The core of this recommendation is to position the speakers and 
listener as the vertices of an equilateral triangle (fig. 1).  

 

Figure 1. The ITU-R BS-775 reference speaker arrangement. 

Following the recommendation ensures that the horizontal spatial 
boundaries (extreme left and right) of the sound image will be 
consistent and avoids the sensation of a hole in the middle of the 
sound image caused by the speakers being placed too far apart. 
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2 BACKGROUND 

While this recommendation is geared towards professionals, 
domestic use of the same setup will bring the perceived direction 
of instruments and voices closer to the producer's intent. 

2.1.2 Spaciousness 
The terms spaciousness, envelopment [1] and spatial impression 
[3] have all been used to describe the various aspects of listener 
immersion or sense of space in a recording. These definitions are 
by no means universal but there are two main views that are 
adopted in this thesis. Envelopment is defined as the feeling of 
being surrounded by sound, this is the sensation that occurs in a 
multichannel environment such as Dolby Digital or one of the 
many formats developed for cinema. Spaciousness is used in a 
classical concert hall sense where the room itself essentially divides 
the sound reaching the listener into a foreground and background 
stream [3]. The foreground stream contains the direct sound and 
early reflections coming from in front of the listener while the 
background stream contains the diffuse reflections coming from 
the side of and behind the listener. 

2.2 The Sound Image in Car Audio 
The biggest difference between listening in a car and a traditional 
home environment is the listening position. The preferred listening 
position is not practical in a normal vehicle and a number of 
different approaches have therefore been suggested. 

Until recently the prevailing approach to car audio has simply 
been playing the sound with any number of speakers fitted in the 
car. The speaker system has consisted of two parallel speaker sets 
in the front doors and on the rear shelf, playing the L and R 
channel, respectively, possibly with speakers in the rear doors 
replacing those on the rear shelf. The user influence on the sound 
image is, at best, the balance and fader control, controlling the left-
right and front-rear ratios. This speaker setup bears little 
resemblance with the equilateral triangle (the core of the ITU-R BS-
775 standard) for the driver and can only provide a correct sound 
image for a passenger seated along the center axis of the car. 

For larger truck cockpits, a center speaker on the dashboard can be 
used to create two inverted sound images, giving a passenger the 
reverse stereo experience to that of the driver. This approach is not 
used in smaller passenger cars due to the proximity to the speakers 
resulting in a large degree of crosstalk. From a music producer's 
artistic point of view this is also a questionable approach as a large 
effort is made to mix music with a certain sound image. 

Grimani suggests the introduction of a center speaker to produce 
two parallel listening axes creating two identical sound images [4]. 
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2 BACKGROUND 

An adaptive Voltage Controlled Amplifier detects the direction of 
sound and uses this information to create a convincing stereo 
image for both the driver and passenger of the car. The rear 
speakers are fed with the difference signal between the L and R 
channels. The uncorrelated nature of this signal is similar to the 
diffuse reflections of a traditional listening room which introduces 
a sense of spaciousness. This concept is developed further in the 
Dolby Surround Pro Logic decoders, which has also been modified 
for car use [5, 6, 7]. 

The average home listening environment is greatly effected by the 
diffuse reflections from the back wall. As the case of the car 
compartment differs greatly from this, giving almost no back wall 
reflections at all, the rear surround channels of the Dolby Surround 
Pro Logic family of decoders can be expected to narrow the gap 
between the two listening experiences. 

2.3 Issues with Car Audio 
The car compartment displays a number of issues which influence 
the perception of sound. Speakers are often mounted in the door 
panels, off-axis to the ear, resulting in less than stellar frequency 
response. To remedy this, the tweeters can be placed on-axis to the 
ears on opposite ends of the dashboard. This placement results in 
different distances between the ear and tweeter and door mounted 
speaker, respectively, which should be corrected with a time delay 
applied to the nearest speaker of the two. This time alignment 
between any number of drivers playing as one speaker requires 
separate power amplifiers and is therefore not carried out 
regularly in car audio. In a multiple speaker environment speaker 
distances to the ear must be corrected by time delay to ensure that 
the different sound waves reach the listener at the same time. This 
time correction is a crucial part of emulating the listening position 
in ITU-R BS-775 for car audio purposes. 

The small volume of the compartment and high absorption of the 
interior surfaces like seats and ceiling result in traditional acoustic 
measures (e.g. reverberation time and early decay time) having 
little importance in measurement of the automotive sound image. 
The non-parallel windows reduce the possibility of standing waves 
together with the diffuse nature of many irregular interior surfaces 
[8]. However, some of the traditional measures can be of use when 
evaluating systems simulating spaciousness (i.e. Dolby Pro Logic). 

2.4 Car Audio Tuning 
The tuning of a car audio system can be seen as the process of 
optimizing the sound quality and sound image by adjusting 
parameters of varying degrees of complexity. Objective or 
subjective performance goals together with cost and vehicle 
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constraints comprise the approach to hardware choices (e.g. 
drivers and amplifiers), placement and adjustment, in order to 
achieve the best possible sound for a given car. 

In [9], Trevena and Clark set up a stepwise method to ensure a 
robust, effective and general way of reaching the optimum tuning 
of a vehicle. What this approach shares with many tuning methods 
is a high degree of subjectivity. Even a large number of highly 
trained engineers can not surpass the fact that their personal 
listening experience will have an impact on the final tuning. Aside 
from the difficulty for a handful of people to represent a market of 
possibly thousands of car buyers there is also the issue of time 
efficiency. The subjective process of tuning a car audio system can 
be a time consuming process which potentially suffers from 
listening fatigue, the listener's adaptation to a non-optimal system 
and the short duration of the auditory memory. 

Although the ears of an experienced listener are important in the 
tuning process, perhaps this subjective experience could be put to 
better use by the introduction of more robust objective measures 
early in the process. This would mean leaving the final step of fine-
tuning to the subjective listener with a smaller margin of tuning 
errors. 

2.4.1 Volvo Tuning 
The tuning of a Volvo audio system is done completely in-house 
by a department of engineers specialized in audio, acoustics and 
electronics. There are three levels of pricing and quality in the car 
audio systems, Performance, High Performance and Premium 
Sound, with the latter being the most expensive and, consequently, 
of the highest quality. 

In the newer Volvo models the concept of Soundstages is 
introduced. Three main Soundstages are used, these being Driver, 
Front Seat and Rear Seat. The goal of the Soundstages is to fine-
tune the system depending on where the listener is seated in the 
car. The Driver Soundstage is the most specialized as all of the 
speakers can be used to create an optimal sound image for a 
person in the driver's seat. This includes utilizing the rear speakers 
in the role of surround speakers in a multi channel environment. 
The two remaining Soundstages are tuned to give two people (in 
the front and rear seats, respectively) a good sound image. 
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3 Theory 
3.1 Acoustical Theory 

3.1.1 Room Acoustics 
The spatial properties differ greatly between room types. The 
anechoic chamber shows one extreme with its simulation of a near 
field environment dominated by the direct sound. On the other 
side of the scale is the reverberation room, constructed to simulate 
a far field environment dominated by diffuse reflections [10]. 

The acoustics of a large concert hall often contain a large amount of 
diffuse reflections, which together with the direct sound give a 
sense of spaciousness not possible in a domestic listening room 
with a substantially shorter reverberation time. In order to convey 
the feeling of space in a recording made in a concert hall, 
additional reverb must be added, either through recording the 
diffuse reflections with microphones or through artificial reverb 
units. 

Most professional mixing rooms are built using a live end-dead 
end design with an absorbing front area and a highly diffusive 
back area. The absorbing area ensures that the mixing engineer has 
full control over the sound emanating from the speakers with a 
minimal amount of early reflections. The diffusive back area gains 
compatibility with the domestic room [1]. 

As the car environment contains virtually no late reflections of its 
own, but a large amount of early reflections mixed with the direct 
sound, the added reverb is of even greater importance than in a 
slightly reverberant domestic listening room. 

3.1.2 Cross Talk  
The human perception of the lateral sound image is dependent on 
the use of both ears, i.e. when sound from the right speaker 
reaches the left ear it disturbs the perception of the left speaker. 
This phenomenon affects the human hearing constantly; hence it is 
automatically compensated for by the mixing engineer. 

3.1.3 Phantom Sources 
When combining two sources by playing a totally correlated sound 
through two speakers, the perceived location of sound, the 
phantom source, will depend on the level difference between the 
speakers. This enables placement of a certain sound anywhere 
between the physical positions of the speakers, most notably used 
to place instruments across a two-channel sound image. The actual 
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direction of a phantom source has also been shown to be 
discernible in a multi channel environment, whether the source 
contains direct sound exclusively or early reflections have been 
added [11]. 

3.2 Localization of Sound Sources 
One of the initial theories for explaining sound source localization 
is the “The Duplex Theory of Localization” [12] proposed by Lord 
Rayleigh 1907. This theory is based on the most important cues for 
localizing sound; interaural time difference (ITD) and interaural 
level difference (ILD). 

3.2.1 Lateral Localization 
The acoustic effects due to the distance between the ears allow 
humans to distinguish the direction of a sound source. When a 
signal is produced in the horizontal plane, its angle in relation to 
the listener’s head is referred to as its azimuth. Zero degrees (0°) 
azimuth is directly in front of the listener, 90° to the right and 180° 
directly behind. A change of azimuth will give rise to a time and 
level difference between the signals arriving at the two ears of the 
listener.  

The interaural time delay rises to a maximum for sound sources at 
the side of the head, and enables the brain to localize the sources in 
the direction of the earlier ear. The maximum ITD for humans, 
depending on the head size with an approximated interaural 
spacing of 22 cm, is in the region of 650 µs and is called the 
binaural delay [1]. This time delay correlates to a sound input with 
a frequency of 1500 Hz. Various literature and experiments have 
shown [1, 12, 13, 14] that the phase difference between the two ears 
caused by ITDs can be used as a localization cue for frequencies 
below 1500 Hz. 

Frequencies greater than 1500 Hz have a wavelength shorter than 
the distance between the ears, resulting in a reduced ability to 
localize sound sources using ITD. Instead interaural level 
differences provide cues for localization for higher frequencies due 
to head shadowing. Experimental results show that ILDs of 15-20 
dB will completely move an image to one side of the listener [12].   

However, ITD and ILD do not fully explain the ability to localize 
sound. Identical differences in time and level may appear at 
several points in a three dimensional space, there is no obvious 
way of distinguishing between front and rear sources, or of 
detecting elevations in the vertical plane by this method. 
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3.2.2 Head-Related Transfer Functions  
The size and shape of the human head and torso plays an 
important role for auditory localization cues [1, 15]. Various parts 
of the body transform both the amplitude and phase spectra of the 
original sound. The shape of the pinna gives rise to different 
reflections and resonances for high frequencies (>4000 Hz) 
depending on if the sound source is in front of or behind the 
listener. The combination of these effects is called the head-related 
transfer function (HRTF) and provides important information 
about the location of the sound source, especially in regard to the 
vertical plane. In addition to the HRTFs, head movement is an 
important piece of the sound localization process. Front and rear 
sources at the same angle of offset from center to one side, will 
result in opposite changes in time of arrival for a given direction of 
head turning. 

3.2.3 ILD and ITD Trading 
Because both intensity and delay cues are used by the human 
auditory system to localize sound sources there will be some 
overlap in the way the cues are interpreted [16]. Within this area 
the intensity will be confused with delay and vice versa, and this 
allows for the possibility that the effect of one cue could be 
cancelled out by the other. This effect is known as ILD versus ITD 
trading and is only effective over the range of delay times which 
correspond to the maximum interaural time delay of 
approximately 650 µs. Beyond this amount of delay small intensity 
differences will not alter the perceived direction of the image. 
Instead the sound will appear to come from the source which 
arrives first. This behavior is known as the law of the first wave 
front and has great importance in room acoustics. The effect occurs 
when two sound sources are separated between approximately 
650 µs and 30 ms. However, if the delayed sound is more than 12 
dB greater than the first arrival we will perceive the direction of 
the source to be towards the delayed sound. After 30 ms the 
delayed signal is perceived as an echo and the listener will be able 
to distinguish the delayed signal from the undelayed signal. 

3.2.4 Localization blur  
The human localization performance depends on the nature of the 
source and the listening environment. The precision by which the 
location of a sound image can be given is called localization blur. 
In an anechoic room deviations of about φ= 2° from a forward 
direction can be detected with sinusoidal signals (fig. 2) [17]. 
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Figure 2. Schematic overview of the human localization. 

For sound sources presented at the sides of the listener, i.e. at 
angles of φ= ± 90°, localization blur show larger values around 
φ= ± 10°. Sounds presented behind the listener somewhat 
improves localization and the localization blur amounts to about 
φ= ±5°. In reverberant listening environments reflections tends to 
smear out the perceived location of the source. Localization 
performance for sources moving over the head is generally worse. 
The frequency content of a sound source the affects the perception 
of the localization of a sound source in the median plane. It can be 
stated, with some simplification, that narrow band sounds 
presented to a listener from any position in the median plane are 
perceived as coming from a specific direction. For example, narrow 
band sounds with center frequencies of 300 Hz and 3 kHz are 
always perceived in front of the listener, narrow band sounds 
centered at 8 kHz are perceived coming from a location above the 
head, and sounds centered at 1 kHz and 10 kHz from behind the 
head. 

3.3 Spaciousness 
Previous work on spatial impression, spaciousness and 
envelopment show that these fields are difficult to define. In this 
report the term spaciousness is used to describe the amount of 
reverberation in a room, i.e. the amount of diffuse reflected sound 
arriving to the listener from the sides and from behind.  

It is established that spaciousness is composed by at least two 
components, apparent source width (ASW) and listener 
envelopment (LEV) [18]. ASW is described as a broadening of the 
apparent width of the sound source, whereas LEV refers to the 
listener’s sense of being surrounded or enveloped by sound. ASW 
is primarily determined by the energy arriving within the first 80 
ms after the arrival of the direct sound, and LEV is determined 
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primarily by the amount of late lateral energy arriving after 80 ms 
in the sound field. 

The difference between ASW and LEV can be explained in terms of 
well-known properties of human hearing. Sound arriving shortly 
after the direct sound is integrated (temporally and spatially fused) 
with the direct sound. Increasing levels of early lateral reflections 
increase the apparent level of the direct sound and cause a slight 
ambiguity in its perceived location. The result of this effect is an 
increase of ASW. Later arriving sound is not integrated with the 
direct sound which leads to more spatially distributed effects that 
appear to increase the spaciousness of the sound. 

There are two major ways to make objective measures of the sense 
of spaciousness. In [19] the perception of spaciousness is explained 
by rapid fluctuations in the interaural time delay and interaural 
level difference. In [20], the late lateral sound level was measured 
using a figure-of-eight microphone and was found to be a very 
good predictor of the perceived listener envelopment of the sound 
field.  

3.4 Binaural Recordings 
Dummy heads are models of human heads with pressure 
microphones in the ears that can be used for creating binaural 
signals suitable for measurement or reproduction [1]. A dummy 
head has the ability to encode most of the spatial cues received by 
a human listener. It is important in an acoustical point of view that 
the dummy head has similar physical properties as a human head. 
The pinnae are often interchangeable in order to vary the type of 
ear to be simulated, giving the same properties of the HRTFs 
mentioned in section 3.2.2. Some of the dummy heads also include 
shoulders or a complete torso and is then often referred to as a 
head-and-torso simulator (HATS). The shoulders and torso also 
contribute to the HRTF due to the resulting reflections from them 
in natural listening.  

Depending on if the dummy head is designed for recording and 
reproduction or measuring, the placements of the microphones 
differ. Generally, dummy heads designed for measuring purposes 
tend to have microphones placed at the end of the ear canals. This 
placement includes the ear canal resonance in the HRTF and 
record the same change of sound pressure level that would appear 
at the eardrum. Those designed for recording/reproduction often 
have the microphones at the entrance of the ear canal, and avoids 
the effect of applying double ear canal resonances when listening 
to the recorded material with headphones. 
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3.5 Cross Correlation 
In signal processing, the concept of cross correlation is a means of 
describing the similarity between signals. It is defined as 

( ) ( ) ( )
( ) ( )tytx

tytxtRXY
22

0
⋅

⋅
=  (1) 

for any two signals x(t) and y(t) of equal length, at the time t0. The 
range -1≤RXY≤1 corresponds to the signals being fully correlated 
with reverse phase to fully correlated with equal phase. Zero 
corresponds to fully decorrelated signals [21, 22].. 

3.5.1 Interaural Cross Correlation 
The interaural cross correlation coefficient (IACC) is a special case 
of the cross correlation in eq. 1 where the compared signals are the 
sound pressure level signals pL(t) and pR(t) reaching the two ear-
mounted microphones in a binaural dummy head at the time t0. 

3.5.2 Frequency Dependent Interaural Cross Correlation 
Decomposing the signals pL(t) and pR(t) into third-octave bands 
and applying eq. 2 to each of these bandlimited signals facilitates 
the frequency dependent interaural cross correlation (FIACC) [22]. 
The FIACC measure shows the IACC for a number of frequency 
bands, hereby facilitating a closer look on the correlation of the 
signals. 

For two fully correlated signals, the FIACC will have the value 1 
for each frequency band. Two fully decorrelated signals, 
corresponding to a fully diffuse sound field, will follow the 
theoretical curve of the equation 

( )
kr

krsin
,  (2) 

defined by Cook et al. where λπ /2=k  is the angular wave 
number and r is the acoustical distance between the ears [21, 23]. 
The two theoretical FIACC graphs are shown in figure 3. 
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Figure 3. Theoretical FIACC graphs for fully correlated (left) and 
decorrelated (right) signals. 

3.6 Dolby Surround 
The Dolby Surround matrix facilitates multi channel source 
material being downmixed (encoded) to a two channel medium 
and at any time upmixed (decoded), retaining a very large portion 
of the original multi channel separation. However, the decoder of 
the Dolby Surround matrix is also capable of using regular stereo 
material and upmixing this for a multi channel listening 
environment. For domestic audio use, the Dolby Pro Logic II 
(DPL II) decoder expands the workings of the original Dolby Pro 
Logic (DPL) decoder by extracting two full bandwidth surround 
channels, as opposed to the single, band limited surround channel 
in DPL [6]. Summarized, each channel is sent to the corresponding 
front speaker while the common elements of the two channels are 
sent to the center speaker. The decorrelated elements that are 
exclusive to each channel are sent to the two surround speakers, 
respectively (fig. 4). 

Figure 4. The Dolby Pro Logic II decoder. 
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3.6.1 The DPL II Decoder For Car Use 
The highly decorrelated source material in the two decoded 
surround channels will for many cases contain most of the stereo 
reverb information in a modern recording. This, together with the 
assumption that the amount of diffuse, late reflections in the car 
compartment is almost non-existent, renders the DPL II decoder 
highly suitable for car audio applications. The surround channels, 
sent to the rear speakers in the car, will simulate a decorrelated 
diffuse sound field, resembling the diffuse sound field that creates 
a sense of space in a concert hall. 

The Dolby Surround matrix has also been used to improve stereo 
imaging in cars. In [7], Lahti describes how the center channel is 
decoded and sent to a center speaker, mounted on the dashboard. 
The introduction of the Bi-Phantom Frontal Locator (BPFL) sends a 
certain amount of the center channel to the front speakers, thus 
adjusting the perceived phantom center position for the driver and 
front seat passenger, respectively. 
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4 Experiments and Measurement 
Methods 

4.1 Experimental Setups 

4.1.1 Listening Room Setup 
A listening room at the Volvo Car Corporation (VCC) was used for 
the reference measurements. It was equipped with five identical 
Dynaudio Contour 3.0 floor standing speakers, powered by Rotel 
RB-990BX and RB-991 power amplifiers according to the ITU-R 
BS-775 reference speaker arrangement [2]. 

4.1.2 Car Setup 
All car experiments were carried out in a modified Volvo XC90 
with access to each speaker individually. The speaker system used 
was from Volvo's Premium Sound line, with speakers from 
Dynaudio (fig. 5). The front door speakers are three-way systems 
with the tweeters situated on the far ends of the dashboard, 
reasonably on-axis with the listener's head, while the rear speakers 
are two-way systems enclosed in the door panels.  The center 
speaker is a two-way system consisting of a high pass-filtered 
(125 Hz) mid-range speaker and a tweeter in the center of the 
dashboard, pointing upwards, slightly aimed into the 
compartment. Furthermore, five 100-watt power amplifiers from 
Addzest were used, thus bypassing the car's internal audio system 
completely. 

 

Figure 5. The XC90 speaker system. 

The five speakers are used in three different modes, Stereo, 3-ch 
and DPL II. Stereo and 3-ch both send the same information to 
front and rear speakers, with the addition of the left and right 
channels being routed to the additional center speaker in 3-ch 
mode. The DPL II mode decodes each channel to different 
speakers, much like in a domestic multi channel setup. 
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4.1.3 Reproducing, Recording and Analyzing Data 
To gain full control over the reproduction of sound in the 
experiments, it was chosen to use Steinberg Nuendo together with 
a multi channel sound card from Hercules Guillemot. Nuendo 
allows the user to manipulate the sound in real time as well as 
routing it to any speaker. 

For recording, the binaural head-and-torso simulator (HATS) and 
preamplifier from Brüel & Kjær (B&K) were used. The PULSE 
software from B&K was used to calibrate the HATS, record and 
export the data for further analysis. 

Analysis of the binaural data from the HATS was done in 
MATLAB. The frequency responses and third octave band FIACC 
were calculated and plotted together with the theoretical 
references where applicable (appendix 6). 

4.1.4 Test signal 
Pink noise is a random signal or process with a frequency 
spectrum with equal energy in all octaves and has the spectral 
properties that resemble music in a good manner.  In terms of 
power at a constant bandwidth, pink noise rolls off at 3 dB per 
octave. Like white noise the autocorrelation for pink noise has one 
main peak and low correlation otherwise. Therefore pink noise has 
been chosen by the authors for the experiments in this thesis 
report. Two identical pink noises were used in the localization 
process and to simulate a diffuse sound field fully decorrelated 
pink noises were used. 

4.2 Tuning Hypotheses 
In order to find objective measures for localization and 
spaciousness, the ITU-R BS-775 speaker arrangement mentioned in 
section 2.1.1 is used as a reference throughout the experiments. The 
objective is to attain a sound image in the car as it is perceived in 
the listening room. 

4.2.1 Driver Soundstage Localization 
The driver position in a car is far from the preferred listening 
position in the reference speaker arrangement mentioned above 
(fig. 1). The objective is to introduce a phantom source containing 
the right channel information, thus creating an equidistant triangle 
with the left speaker, a phantom right speaker and the listener as 
vertices (fig. 6). To accomplish this geometrically symmetrical 
sound image, right channel information is sent to both center and 
right speaker, creating a phantom right speaker. As the center 
speaker does not reproduce frequencies below 125 Hz, the right 
speaker is necessary for a good bass response in the right channel. 
This rules out using the center speaker as a single source for the 
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right channel. Furthermore, different delays must be applied to 
each speaker to ensure that the acoustical distances to the ears are 
equivalent. 

 

Figure 6. Introducing a phantom right speaker. 

4.2.2 Front Seat Soundstage Localization 
The purpose of the Front Seat Soundstage is to create two virtual 
equal sound images for two listeners in the front seats. This 
requires that all level and delay adjustments are applied  
symmetrically, e.g. every adjustment to the left speaker must also 
be applied to the right speaker. The desired geometrically 
symmetrical sound image is acquired by sending both left and 
right channel to the center speaker. The symmetry of the sound 
image as well as the perceived center position therefore depends 
on the relative level of the center speaker. 

4.2.3 Spaciousness 
The spaciousness of a sound image is dependent on diffuse late 
reflections of the direct sound from behind the listener. In the car 
this is only applicable to the DPL II mode, where the decorrelated 
information (simulated diffuse reflections) is extracted from the 
stereo recording. The objective is therefore to investigate how 
decorrelated sound from behind is perceived. 

4.3 Limitations 
The possibilities of varying the conditions of the experiments are 
virtually endless. It was therefore decided to establish clear 
limitations of the concepts and tools used in the experiments. 

All experiments were carried out in a stationary vehicle. The low 
frequency rumble in a moving vehicle will influence the 
background noise for all measurements as well as the perceived 
frequency response of the car. E.g., the car audio system in a 
moving vehicle must have an increased low frequency content 
compared to a stationary vehicle in order to mask this rumble. This 
is in accordance with the tuning currently carried out by VCC and 
the recommendations given in [9]. 
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Only the spatial properties of the car were examined. During the 
experiments a previous spectral tuning was applied the speakers, 
courtesy of VCC, ensuring that the different speakers sound 
reasonably alike. These frequency corrections of speakers were 
mirrored, i.e. the left and right speakers have the same filtering 
applied. 

The final tuning method should be generally applicable to any car 
model with a similar speaker system. The XC90 used in the 
experiments is a Sports Utility Vehicle (SUV) with a larger volume 
than most cars, the tuning method should not be affected by the 
size of the car compartment. 

The authors decided not to implement the tuning for the Rear Seat 
Soundstage. Due to time constraints, Driver and Front Seat were 
chosen for the experiments as these were considered the primary 
listening positions. 

Investigating the DPL II setting, it was decided to concentrate on 
the decoding of regular stereo material. No attention was given the 
possibility of using encoded multi channel material in the car. For 
the localization experiments, only 3-ch mode has been used. 

4.4 Initial Localization Experiments 

4.4.1 Localization using ILD 
According to Martin et al., ILD is more appropriate for localization 
than ITD [24]. Therefore, high pass-filtered (>1500 Hz) pink noise 
was used as test signal, reproduced separately in the left and right 
channel to attain interaural level differences for each channel. Due 
to the speaker setup in the car, positioning the HATS in the driver 
seat, the left channel (only consisting of the left speaker) ILD is 
obviously fixed. The objective was to attain the same ILD from the 
opposite side by adjusting the relative center speaker level in the 
phantom right channel. Equal ILDs, with correspondingly equal 
azimuths for the left and right channel implies a symmetrical 
sound image. 

This localization method was implemented with the HATS in a 
simulated driver position in the listening room and confirmed as 
functional. However, when using the same method in the car, the 
results were not as expected. Regardless of the relative center 
speaker level, equal ILDs were never achieved. 

4.4.2 A New Approach for Localization 
Because of the failure of the ILD method in section 4.4.1, a new 
approach to measuring the localization of a sound image was 
required. Therefore, the authors have chosen to study and analyze 
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the perceived frequency response in the car compared to the 
listening room. Correlated sound from the forward location 
should, theoretically, render identical perceived frequency 
responses for the left and right ear. Additionally, the FIACC as 
proposed by Muraoka et al. in [22], was also used to compare the 
listening room with the car. 

4.5 Experiments in the Listening Room 
When recording in the listening room the HATS was positioned in 
the preferred listening position (fig. 7). As a localization reference, 
a recording of two fully correlated pink noises sent to left and right 
front speakers was made. To investigate the spaciousness, two 
pink noises with no correlation were sent to the rear speakers and 
recorded. 

 

Figure 7. The positioning of HATS in the listening room. 

4.6 Experiments in the Car 
The experiments regarding localization (section 4.6.1-3) all utilized 
two identical (fully correlated) pink noises in the left and right 
channels. For all experiments, the HATS was positioned in the 
driver position (fig. 8). While investigating the spaciousness, an 
additional rear seat position was also studied. 
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Figure 8. The positioning of the HATS in the car. 

4.6.1 Delay and Phase of the Speakers 
The purpose of delaying the speakers was to neutralize the 
differences in acoustical distances from speaker to listener. For 
optimal localization in the Driver Soundstage, the signal from the 
left speaker must reach the left ear at the same time as the signal 
from the right and center speaker reaches the right ear.  

In the Front Seat Soundstage, the left and right speakers must be 
adjusted together, relative to the center speaker. For the passenger, 
the signal from the center speaker must reach the left ear at the 
same time as the signal from the right speaker reaches the right 
ear. 

4.6.2 Symmetry of the Sound Image 
The symmetry of the sound image in the Driver Soundstage (i.e. 
the relative level of the center speaker) is related to the perceived 
angle of the phantom right speaker. Raising the level of the center 
speaker while playing the right speaker at a set level, a number of 
recordings were made and their frequency responses analyzed. 

In the Front Seat Soundstage, the symmetry can not be adjusted 
without affecting the center position and vice versa. The center 
position (examined below) is seen as more important in a good 
sound image, hence the Front Seat symmetry will not be taken into 
further consideration by the authors. 
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4.6.3 Center Impression of the Sound Image 
In order to find the optimal center impression for both 
Soundstages, a minimal perceived level difference between left 
and right ear is desired. For the Driver Soundstage the level of the 
left speaker is adjusted relative to the phantom right speaker. In 
the Front Seat Soundstage, the level of the center speaker is 
adjusted to attain a minimal perceived level difference. 

4.6.4 Spaciousness of the Sound Image 
Due to the characteristics of the interior environment, the car 
compartment has a very short reverberation time. The most 
common measures of spaciousness, measuring the energy or 
fluctuations of the late lateral sound are therefore not applicable in 
the car compartment. Therefore, spaciousness can only be achieved 
in DPL II mode as it extracts decorrelated information and sends it 
to the rear speakers (section 3.6.1). 

The spaciousness in the car was investigated through two 
experiments. In the first, two decorrelated pink noises (Pink 
Noise 1 and 2 in fig. 9) were sent to the rear speakers in the car and 
recorded. To investigate how the perceived diffuseness is related 
to the number of speakers, a second pair of speakers was installed 
in the far back of the vehicle and two new decorrelated pink noises 
(Pink Noise 3 and 4 in fig. 9) were sent to these speakers. A second 
recording was then made with all four speakers playing 
simultaneously and compared with the first recording. There was 
no correlation between any of the noise signals sent to the 
speakers. 

 

 

Figure 9. Schematic overview of the spaciousness experiments. 

 

 

Pink Noise 1 

Pink Noise 2 

Pink Noise 3 

Pink Noise 4 
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5 Results and Analysis 
5.1 Initial Localization Experiments 

Due to the close proximity to the highly reflective boundaries in 
the car compartment, a large amount of strong early reflections 
interferes with the direct sound reaching the ears. As seen in 
appendix 2, this method does not show the change of ILD 
corresponding to the perceived change of azimuth when varying 
the relative level of the center speaker of the phantom right 
channel. 

5.2 Experiments in the Listening Room 
The results from the listening room show good similarity between 
the ears both in frequency response and correlation. In figure 10, 
the typical 3 dB/octave roll-off for pink noise can be seen. The 
influence of the HATS is shown in the peaks and dips above 2 kHz, 
relating to resonance frequencies in the pinnae and ear canals, 
head shadowing and reflections from the torso. The mean error 
between the perceived frequency responses was calculated with 
the results shown in table 1. 

The high values in the FIACC in figure 10 also indicate that the 
room is reasonably free from early reflections, thus the sound 
perceived by the ears consists mainly of direct sound. To facilitate 
a direct comparison between the reference and the car 
experiments, a mean value of the FIACC results was calculated 
and shown in table 1. 
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Figure 10. Frequency response and FIACC for correlated pink noise 
in the listening room. 
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  FIACC mean 
(63-1000 Hz) 

Level difference 
mean (63-1000 Hz) 

Listening room  0.90 0.51 
Driver 0.66 0.62 Thesis tuning 
Front Seat 0.57 1.42 
Driver 0.37 1.67 Volvo tuning 

(DPL II) Front Seat 0.51 3.34 
Driver 0.38 1.55 Volvo tuning 

(3-ch) Front Seat 0.32 4.02 
Table 1. FIACC and level difference mean for the different tunings. 

For the simulation of spaciousness, sending two uncorrelated pink 
noises to the left and right speakers gives the results shown in 
figure 11. The mean error from the theoretical curve, given in 
table 2, was calculated for the spaciousness related experiments in 
section 5.2.4. 
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Figure 11. FIACC for uncorrelated pink noise in the listening room. 

 

  FIACC error 
(63-1000 Hz) 

Listening room  0.21 
2 speakers 0.19 Dummy front 
4 speakers 0.08 
2 speakers 0.20 Dummy rear 
4 speakers 0.18 

Table 2. FIACC error for the different tunings. 

5.3 Experiments in the Car 
To see how well the car compartment handles two fully correlated 
signals, identical pink noises were sent to the left and right 
speakers respectively. The speakers were time aligned according to 
the process described in section 5.3.1. Figure 12 shows how these 
correlated signals are perceived as almost totally decorrelated for 
frequencies above ~1 kHz. When analyzing the measurements 
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regarding localization, the authors have therefore decided to 
concentrate on frequencies in the range of 63 Hz to 1 kHz. 

0 5 10 15 20 25 30

-1

-0.8

-0.6

-0.4

-0.2

0

0.2

0.4

0.6

0.8

1

FIACC för EL/ER och referensen

Third-octave Band No. (63-20000 Hz)

IA
C

C

 

Figure 12. FIACC for correlated pink noise in the car. 

5.3.1 Delay and Phase of the Speakers 
In order to simulate the preferred listening position of a listening 
room when positioned asymmetrically from the speaker setup, a 
time alignment of the speakers is required. The time alignment 
ensures that the acoustical distance from listener to speaker is 
identical for all speakers and is achieved by delaying every 
speaker in relation to a reference speaker situated furthermost 
from the listener. In the experiments performed by the authors in 
the Volvo XC90, the right rear speaker was chosen as the reference 
speaker. 

A 2 Hz square wave was sent to the speakers being compared, 
creating simulated impulse responses. In figure 13, the first part of 
the impulse responses of the center and right speaker are plotted 
separately as perceived by the right ear. Analyzing the two 
speakers playing the same square wave simultaneously, the 
appearance of the separate impulse responses can be identified 
and used to calculate the delay, using the sample position 
difference in the recording. Two speakers situated on the same side 
of the listener was analyzed by comparing the signal perceived by 
the ear closest to the speakers, as in figure 14. 
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Figure 13. Impulse responses for center speaker (left) and right 
speaker (right) perceived by the right ear. 
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Figure 14. Impulse response for center and right speaker perceived 
by the right ear. 

In the analysis of speakers on opposite sides of the listener, e.g. the 
left front and right rear speakers, the acoustical distances to the ear 
closest to the corresponding speaker were compared (fig. 15 
and 16). 
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Figure 15. Impulse responses for left speaker perceived by the left 
ear (left) and right speaker perceived by the right ear (right). 
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Figure 16. Impulse responses for left and right speaker perceived 
by the left (blue curve) and right (red curve) ear. 
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Figure 17. Placement of the center speaker in the Volvo XC90. 

Figures 18 through 20 show how the introduction of a center 
speaker influences the perceived frequency response of the system. 
Figure 17 shows the physical placement of the speaker. The FIACC 
plots in figure 19 indicate that the frequencies around 500 Hz 
(band 10) become more decorrelated and out of phase with the 
main body of sound and this is largely rectified by inverting the 
phase of the center speaker (fig. 20). The corresponding frequency 
response curves further strengthen the notion that the phase 
inverted center speaker will have a more coherent sound, i.e. 
similar perceived frequency response in left and right ear. The 
phase-inverted behavior of the center speaker is suggested by the 
first small negative peak in figure 13 but is more obvious when 
studying the FIACC plots (fig. 18-20). 
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Figure 18. Frequency response and FIACC for correlated pink noise 
in the car (without the center speaker). 
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Figure 19. Frequency response and FIACC for correlated pink noise 
in the car (with the center speaker). 
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Figure 20. Frequency response and FIACC for correlated pink noise 
in the car (with the phase inverted center speaker). 

5.3.2 Symmetry of the Sound Image 
In the Driver Soundstage, the symmetry of the sound image will 
depend on the localization of the phantom source (fig 6 in section 
4.2.1). Appendix 3 shows how the frequency response changes 
when raising the relative level of the center speaker to the right 
speaker. 

In order to obtain a good bass response in the phantom right 
channel, it is not possible to use the center speaker exclusively as 
the right channel. Instead, the mid-range frequencies of the center 
speaker are combined with the bass frequencies of the right 
speaker (highlighted in figure 21), thus using the center speaker to 
decrease the perceived angle to the right channel while retaining a 
full-range frequency response. 
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Figure 21. Frequency responses for center (left) and right (right) 
speaker perceived by the right ear. 

Choosing which relative center speaker level to use has been 
performed by visually determining which graph shows the 
greatest resemblance to figure 21 in the applicable frequency 
ranges. The frequency response of the chosen phantom right 
channel (center speaker level at -2 dB) is seen in figure 22. 

10
2

10
3

10
4

-30

-25

-20

-15

-10

-5

0

5

10

Frequency [Hz]

Le
ve

l [
dB

]

 

Figure 22. Frequency response for the phantom source (left and 
right speaker) perceived by the right ear. 
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5.3.3 Center Impression of the Sound Image 
In order to attain a correct and focused center impression three 
major criteria need to be fulfilled:  

1. The perceived sound pressure level for left and right ear 
should be similar. This will place the center position in 
front of the listener. 

2. The perceived frequency response for left and right ear 
should be as similar as possible. This achieves a focused 
center impression for all frequencies. 

3. The FIACC should be positive and as high as possible to 
attain a focused center impression.   

For the Driver Soundstage, the table in appendix 4 shows the 
FIACC mean and level difference mean for different relative level 
combination between left and phantom right speaker. It can be 
seen that there are several combinations with similar level 
difference mean and FIACC mean. Therefore the authors 
subjectively chose one of these combinations as a final choice for 
optimal symmetry and center position. 

Figure 23 shows the optimal combination between left and 
phantom right speaker for the Driver Soundstage chosen by the 
authors. The perceived similarity of the frequency response is close 
to the reference in the listening room and the FIACC mean is 0.66 
compared to 0.90 in the listening room (table 1). 
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Figure 23. Frequency response and FIACC for correlated pink noise 
adjusted for the optimal symmetry and center position, Driver 

Soundstage. 

For the Front Seat Soundstage, the table in appendix 5 shows the 
level difference mean and FIACC mean for different relative level 
combination between center, left and right speaker. It can be seen 
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that there are several combinations with similar FIACC mean and 
level difference mean. Therefore the authors subjectively chose one 
of these combinations as a final choice for optimal symmetry and 
center position. 

Figure 24 shows the optimal combination between center, left and 
right speaker chosen for the Front Seat Soundstage. The perceived 
similarity of the frequency response is not as good as for the Driver 
Soundstage and the FIACC mean is 0.57. The slightly poorer 
results for the Front Seat Soundstage are due to the fact that 
optimizing a sound image for two listeners is more difficult than 
optimizing a sound image for one listener given the same 
conditions. 

10
2

10
3

10
4

-20

-15

-10

-5

0

5

10

15

20

25
Frekvenssvar EL och ER

Frequency [Hz]

Le
ve

l [
dB

]

0 2 4 6 8 10 12 14

-1

-0.8

-0.6

-0.4

-0.2

0

0.2

0.4

0.6

0.8

1

FIACC för EL/ER och referensen

Third-octave Band No. (63-1000 Hz)

IA
C

C

Figure 24. Frequency response and FIACC for correlated pink noise 
adjusted for the optimal symmetry and center position, Front Seat 

Soundstage. 

5.3.4 Spaciousness of the Sound Image 
As mentioned earlier, the sound field in a car is perceived as 
diffuse even when fully correlated sound sources are reproduced. 
Therefore the DPL II mode should be able to reproduce a 
simulated diffuse sound field in a good way. 

When two fully decorrelated pink noises were sent to the rear door 
speakers (the HATS positioned in the driver seat) the FIACC 
showed low correlation, but with a noticeable deviation from the 
theoretical reference (red curve in fig. 25). When two speakers in 
the far back of the vehicle were added, the FIACC became very 
close to a perceived fully diffuse sound field. 

One possible explanation for this behavior is that sound from the 
added speakers travels a greater distance and is decorrelated by 
the car environment before reaching the ears. The results are in 
accordance with [21] where Tohyama made various experiments of 
perceived spaciousness with different speaker setups.  
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Figure 25: FIACC for two (left) and four (right) decorrelated pink 
noises with the HATS positioned in the driver seat. 

When investigating how the perceived spaciousness changes with 
two or four sound sources when positioned inside the simulated 
diffuse sound field, the HATS was placed in the rear seat. Now the 
rear door speakers reproduce sound from the sides and the 
additional speakers from behind.  
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Figure 26: FIACC for two (left) and four (right) decorrelated pink 
noises with HATS positioned in the rear seat. 

There is no obvious improvement when adding the two speakers 
from behind (fig. 26). The FIACC tends to follow the theoretical 
reference in both cases but not nearly as well as when the HATS 
was positioned in front of all four speakers. These results also 
concur with Tohyama's experiments in [21]. Again, the distance to 
the speakers can possibly explain the larger deviation from the 
reference. When positioned in the rear seat there is a shorter 
distance to the speakers and there will not be the same amount of 
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decorrelation due to the car environment as when positioned in the 
front seat. 

5.4 Comparison with Volvo Tuning 
The results of measuring the sound image binaurally in a Volvo 
V70 already in production are seen in figures 27 and 28. The 
negative correlation around 1 kHz for the Driver Soundstage 
corresponds to the differences in the perceived frequency response 
in the same region (fig. 27). 
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Figure 27. Frequency response and FIACC for correlated pink 
noise, Driver Soundstage, Volvo V70, 3-ch. 

For the Front Seat Soundstage, it can be seen in figure 28 that the 
low correlation from band 7 (250 Hz) and upwards corresponds to 
the large level differences in the perceived frequency response in 
the same region. This is probably due to the center speaker being 
perceived as out of phase with the other speakers. 
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Figure 28. Frequency response and FIACC for correlated pink 
noise, Front Seat Soundstage, Volvo V70, 3-ch.
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6 Discussion 
By using binaural measures, the analyzed data will contain the 
spatial cues perceived by a human listener. A single binaural 
recording contains a lot of information regarding both localization 
and spaciousness depending on the test signal. The dummy head 
is therefore a powerful instrument when analyzing sound images. 
The results show that binaural measures can be successfully 
applied in a car. For example, the difference between the perceived 
frequency responses of the ears in figure 28, section 5.4, would not 
have been discovered if measured with a single microphone. A 
binaural system facilitates the spatial analysis of a car audio 
system in one recording, using all speakers simultaneously in the 
way music is normally reproduced. 

When creating the phantom right speaker, the sound image will be 
perceived as narrower. While geometrically symmetrical, it may 
not be perceived by all listeners as positive. This feeling can be 
described as only using half the car, especially after listening to the 
wider sound image in a regularly tuned car. It should be noted that 
the relative level of the center speaker is subjective to a certain 
degree, due to the visual identification of the frequency plots. 

The perceived phase of the center speaker can easily be observed 
and corrected after studying the FIACC plots in figure 18-20. This 
could in fact have been discovered from the impulse responses 
when time aligning the speakers but the FIACC is a more evident 
indication of the phase. A better placement of the speaker, on-axis 
with the listener's ear, will probably reduce the large amount of 
reflections causing the phase behavior. Hence, different car models 
will have different phase behavior but the FIACC method should 
still be generally applicable. 

The ILD method for localization was dismissed due to the results 
in section 5.1. Discovering the decorrelating features of the car 
above 1000 Hz further indicated that the ILD method is not 
applicable in a small car compartment. Low frequencies are best 
localized with ITD, creating a phase difference between the ears. 
FIACC can be seen as a way to visualize the ITD, with positive 
values indicating in-phase behavior resulting in a focused center 
impression. 

The decorrelation in the car is, however, also an indication of how 
the extracted information in DPL II will be even more decorrelated 
when it reaches the listener, increasing the sense of spaciousness. 
The test signals for spaciousness are totally decorrelated. The 
DPL II information has not been verified as totally decorrelated, 
therefore the results in an everyday situation may differ slightly 
from those in section 5.3.4. 
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7 Further Development 
Since the work in this thesis report are based only on the findings 
in one car, the Volvo XC90, the proposed methods of tuning need 
to be evaluated for additional car models to be generally 
applicable. However, the results show some guidance for 
measuring the spatial properties of a sound image objectively. 
Some ideas for further development are listed below. 

• Formal subjective listening tests should be carried out to 
verify the results. Especially the subjectively acceptable 
boundaries of the level settings involved in the tuning of 
symmetry and center impression need to be set. 

• The proposed methods of tuning should be further 
verified for use with the DPL II decoder. 

• The results for the Driver and Front Seat Soundstages 
should be verified to also be applicable to the Rear Seat 
Soundstage. 

• The development of a binaural reference curve for in-car 
use could facilitate the investigation and tuning of the 
perceived spectral properties. 

Finally, no matter how accurate the objective measures are, the 
human perception of sound is highly individual. Therefore, the 
tuning process will always have to be subjective to some degree. 
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9 Appendices 
Appendix 1: FIACC band no. and corresponding third-octave filter 
center frequency. 

Center freq. [Hz] 63 80 100 125 160 200 250 315 400 500 630 800 1k 
Band no. 1 2 3 4 5 6 7 8 9 10 11 12 13 
Center freq. [Hz] 1.25k 1.6k 2k 2.5k 3.15k 4k 5k 6.3k 8k 10k 12.5k 16k 20k 
Band no. 14 15 16 17 18 19 20 21 22 23 24 25 26 

 

Appendix 2: Varying the level of the center speaker to obtain a good 
symmetry using the ILD. 

Comparative reference levels of the single speakers 

 Sound pressure levels [dB] 
 Left ear Right ear ILD (L-R) 
Left channel in the 
left speaker 90,50 86,10 4,40 
Right channel in 
the center speaker 83,10 88,06 -4,96 
    
Right channel in the right and center speaker (Nuendo 
output level of right channel = 0 dB) 
Relative level of 
right channel in the 
center speaker [dB] Left ear Right ear 

L-R ear 
difference 

- ∞ 85,18 90,27 -5,09 
-10 85,18 90,74 -5,55 
-9 85,28 90,77 -5,49 
-8 85,31 90,90 -5,59 
-7 85,35 91,00 -5,65 
-6 85,48 91,14 -5,66 
-5 85,52 91,24 -5,72 
-4 85,72 91,48 -5,76 
-3 85,89 91,68 -5,79 
-2 86,15 91,95 -5,80 
-1 86,38 92,25 -5,87 
0 86,65 92,61 -5,96 
1 87,08 92,98 -5,90 
2 87,42 93,34 -5,92 
3 87,83 93,81 -5,98 
4 88,38 94,27 -5,90 
5 89,03 94,92 -5,89 
6 89,72 95,59 -5,88 
7 90,56 96,35 -5,79 
8 91,17 96,84 -5,67 
9 91,95 97,64 -5,70 
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Appendix 3: Varying the level of the center speaker to obtain a good 
symmetry using visual identification of the speakers. 
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Right speaker only Lcenter = -8 dB 
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Appendix 4: Varying the level of the left speaker to obtain a good 
center position for the Driver Soundstage. 

Right channel in the right and center speaker 
(Nuendo output level of center speaker = -2 dB, 
right speaker = 0 dB) 
Relative level of the 
left channel in the left 
speaker [dB] 

Level 
difference 
mean 

FIACC 
mean 

-8 1,53 0,51 
-7 1,32 0,53 
-6 1,28 0,55 
-5 1,42 0,58 
-4 0,98 0,59 
-3 1,20 0,61 
-2 1,04 0,63 
-1 0,78 0,65 
0 0,74 0,66 
1 0,54 0,66 
2 0,62 0,66 
3 0,65 0,66 
4 0,59 0,65 
5 0,62 0,64 
6 0,79 0,63 
7 0,95 0,62 
8 0,95 0,62 
9 1,06 0,61 

10 1,15 0,60 
   

Subjectively chosen 
level 

Optimal objective 
values 
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Appendix 5: Varying the level of the center speaker to obtain a good 
center position for the Front Seat Soundstage. 

Left and right channel in the center speaker 
(Nuendo output level of left speaker = 0 dB, 
right speaker = 0 dB) 
Relative level of the 
center speaker [dB] 

Level 
difference 
mean 

FIACC 
mean 

-16 1,48 0,41 
-15 1,42 0,42 
-14 1,39 0,43 
-13 1,42 0,45 
-12 1,56 0,47 
-11 1,50 0,48 
-10 1,46 0,50 
-9 1,44 0,52 
-8 1,41 0,54 
-7 1,40 0,56 
-6 1,42 0,57 
-5 1,33 0,58 
-4 1,34 0,58 
-3 1,18 0,58 
-2 1,33 0,57 
-1 1,38 0,57 
0 1,48 0,56 
1 1,46 0,55 
2 1,52 0,54 
3 1,61 0,53 
4 1,62 0,51 
   

Subjectively chosen 
level 

Optimal objective 
values 
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Appendix 6: MATLAB code. 

delay.m 

% ------------------------ 
% The program plots a input file in the time domain for delay 
% analysis.  
%  
% Load stereo file from a dummy head 
% EL = left ear 
% ER = right ear 
% Files should contain vectors with sound pressure in pascal. 
% For this program, the input was recorded and exported in  
% PULSE Time Data Recorder(Brüel & Kjaer) to .mat format  
%  
% (c) 080204 T. Fajersson H. Wikner 
% ------------------------ 
 
load C:\directory\file.mat % Enter path to input file 
EL = Channel_1_Data; 
ER = Channel_2_Data; 
 
% Left ear 
plot(EL); 
xlabel('Time [samples]'); 
ylabel('Sound Pressure [Pa]'); 
 
% Right ear 
figure; 
plot(ER); 
xlabel('Time [samples]'); 
ylabel('Sound Pressure [Pa]'); 
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symmetry_mat.m 

% ------------------------ 
% The program plots the perceived frequency response.  
%  
% The sampling frequency is denoted fs. 
% Load input files from a dummy head 
% EL = left ear 
% ER = right ear 
% Files should contain vectors with sound pressure in pascal. 
% For this program, the input was recorded and exported in  
% PULSE Time Data Recorder(Brüel & Kjaer) to .mat format  
% It is important to analyze relevant data, i.e. crop silent 
% parts. 
%  
% (c) 080204 T. Fajersson H. Wikner 
% ------------------------ 
 
load C:\directory\file.mat % Enter path to input file 
start = ;                 % Enter sample value where relevant  

% audio starts 
stop = ;                  % Enter sample value where relevant  

% audio stops 
 
fs = str2num(File_Header.SampleFrequency); fs = fs(1); 
EL = Channel_1_Data; 
ER = Channel_2_Data; 
EL = EL(start:stop); 
ER = ER(start:stop); 
 
% Plot frequency response 
fft_bins = 1024; 
x_axis = 0:(fs/2)/(fft_bins/2):(fs/2); 
EL_psd = psd(EL,fft_bins,fs,kaiser(512,5),0); 
EL_psd = 10*log10(abs(EL_psd)); 
ER_psd = psd(ER,fft_bins,fs,kaiser(512,5),0); 
ER_psd = 10*log10(abs(ER_psd)); 
semilogx(x_axis, EL_psd), grid on; 
hold on; 
semilogx(x_axis, ER_psd,'r'); 
hold off; 
xlabel('Frequency [Hz]'); 
ylabel('Level [dB]') 
axis([0 22050 -25 17]) 
title('Perceived Frequency Response') 
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FIACC_3oct_plots.m 

% ------------------------ 
% The program calculates FIACC mean, FIACC difference  
% and Level Difference Mean for a chosen number of third- 
% octave bands.  
% Furthermore, plots are created for the FIACC and peceived  
% frequency response. 
%  
% The sampling frequency is denoted fs. 
% Load stereo file from a dummy head 
% EL = left ear 
% ER = right ear 
% Files should contain vectors with sound pressure in pascal. 
% For this program, the input was recorded and exported in  
% PULSE Time Data Recorder(Brüel & Kjaer) to .mat format  
% It is important to analyze relevant data, i.e. crop silent 
% parts. 
%  
% (c) 080204 T. Fajersson H. Wikner 
% ------------------------ 
 
load C:\directory\file.mat % Enter path to input file 
start = ;                 % Enter sample value where relevant  

% audio starts 
stop = ;                  % Enter sample value where relevant  

% audio stops 
 
fs = str2num(File_Header.SampleFrequency); fs = fs(1); 
EL = Channel_1_Data; 
ER = Channel_2_Data; 
EL = EL(start:stop); 
ER = ER(start:stop); 
signal = [EL ER]; 
 
% Number of third-octave bands analysed (63-20000 Hz or  
% 63-1000 Hz) 
% freq_vector = [63 80 100 125 160 200 250 315 400 500 630  

800 1000 1250 1600 2000 2500 3150 4000 5000 6300 8000 
10000 12500 16000 20000]; 

freq_vector = [63 80 100 125 160 200 250 315 400 500 630 800  
1000]; 

 
% Create FIACC and reference vectors 
fiacc = zeros(length(freq_vector),1); 
sin_kr = fiacc; 
one_vec = ones(length(freq_vector),1); 
c = 344;    % Speed of sound 
r = 0.328;  % Acoustical distance between the ears 
    for(n=1:length(freq_vector)) 
        [B,A] = oct3filter(freq_vector(n),fs,3); 
        filt_signal_L = filter(B,A,signal(:,1)); 
        filt_signal_R = filter(B,A,signal(:,2)); 
        filt_signal = [filt_signal_L;filt_signal_R]; 
        fiacc(n) = mean(filt_signal_L.*filt_signal_R) / 
sqrt(mean(filt_signal_L.^2) * mean(filt_signal_R.^2)); 
 
        k = (2*pi*freq_vector(n))/c; 
        sin_kr(n) = sin(k*r)/(k*r); 
    end 
 
% Choose a reference (sin(kr)/(kr) or one_vec): 
ref = one_vec; 
% ref = sin_kr; 
 
% Plot Perceived Frequency Responce 
fft_bins = 2048; 
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x_axis = 0:(fs/2)/(fft_bins/2):(fs/2); 
EL_psd = psd(EL,fft_bins,fs,kaiser(512,5),0); 
EL_psd = 10*log10(abs(EL_psd)); 
ER_psd = psd(ER,fft_bins,fs,kaiser(512,5),0); 
ER_psd = 10*log10(abs(ER_psd)); 
semilogx(x_axis, EL_psd), grid on; 
hold on; 
semilogx(x_axis, ER_psd, 'r'); 
axis([0 22050 -35 10]); 
hold off; 
title('Perceived Frequency Response'); 
xlabel('Frequency [Hz]'); 
ylabel('Level [dB]'); 
 
% Plot FIACC together with a reference 
figure; 
stem(fiacc); 
hold on; 
plot(ref,'r') 
hold off; 
axis([0 1 -1.2 1.2]); 
axis 'auto x'; 
title('FIACC for EL/ER and a reference'); 
xlabel('Third-octave Band No.'); 
ylabel('IACC') 
 
% Level Difference Mean 
diff = EL_psd-ER_psd; 
diff = diff(2:32); 
level_difference_mean = mean(abs(diff)) 
 
% FIACC Error 
iacc_diff = ref - fiacc; 
fiacc_error = mean(abs(iacc_diff)) 
 
% FIACC Mean 
fiacc_mean = mean(fiacc) 
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oct3filter.m 

function [B,A] = oct3filter(fc,fs,N); 
% OCT3FILTER Design of a on-third-octave filter. 
% [B,A] = OCT3FILTER(fc,fs,N) designs a digital 1/3-octave  
% filter with center frequency fc for sampling frequency fs. 
% The filter is designed according the order-N specification  
% of the ANSI S1.1-1986 standard. Default value for N is 3.  
% Warning: For meaningful design results, center frequency % 
used should preferably be in the range 
% fs/200 < fc < fs/5. 
% Usage of the filter: Y = FILTER(B,A,X). 
%  
% Requires the Signal Processing Toolbox. 
%  
% Author: Christophe Couvreur, Faculte Polytechnique de Mons 
(Belgium) 
%         couvreur@thor.fpms.ac.be 
% Last modification: Aug. 25, 1997, 2:00 pm 
%  
% References: 
%   [1]ANSI S1.1-1986 (ASA 65-1986):(1993) Specifications for 
Octave-Band and 
%   Fractional-Octave-Band Analog and Digital Filters 
 
 
if (nargin > 3)|(nargin < 2) 
    error('Invalid number of arguments, use 3 input 
arguments.') 
end 
if (fc > 0.88*(fs/2)) 
    error('Design not possible, check the frequencies.'); 
end 
 
% Design Butterworth 2Nth-order one-third-octave filter 
% Note: BUTTER is based on a bilinear transformation, as 
suggested in [1]. 
pi = 3.14159265358979; 
f1 = fc/(2^(1/6)); 
f2 = fc*(2^(1/6)); 
Qr = fc/(f2-f1); 
Qd = (pi/2/N)/(sin(pi/2/N))*Qr; 
alpha = (1+sqrt(1+4*Qd^2))/2/Qd; 
w1 = fc/(fs/2)/alpha; 
w2 = fc/(fs/2)*alpha; 
[B,A] = butter(N,[w1,w2]); 
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