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ABSTRACT 
 
In sound recording, an important dimension is the perceived distance to the sound sources. This study 
investigates whether there is a difference between sound engineers and musicians when they consider 
the perceived distance to sound sources recorded in a concert hall and reproduced by means of a two-
channel stereo system. Also which distance is preferred is investigated for different instruments. The 
result shows that the sound engineers perceive a greater distance to sources and that they prefer more 
close microphone distance than the musicians. 
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1 INTRODUCTION 

Since the introduction of audio technology the main purpose has been to capture and 
save the music performed in one venue and then reproduce it for a new audience in a 
new context. This is still one of the main tasks of music recording. In live music it has 
for centuries been obvious that a musical experience not only consists of the 
musicians playing, but that the acoustical environment, e.g. a concert hall, also is a 
part of the experience. Because of this, great efforts have been made in order to 
improve the sensation of acoustical environments in recordings. 
 
The most important success in this development was the introduction of the stereo 
technique in the 1930’s. It became possible to reproduce a broader, and to some extent 
also deeper, acoustical environment in front of the listener. With the introduction of 
stereophonic sound, the first actual step towards making use of the binaural hearing in 
reproduction of sound had been taken. It was still difficult for the listener to get an 
impression of being present in the recording hall, but he could, through the 
stereophonic picture, create an own illusion of the concert hall. Despite many 
surround sound systems, stereo reproduction is still one of the most popular systems 
among consumers.  
 
There are also early systems for surround sound. One example is the Fantasound that 
Walt Disney Production developed for their film Fantasia in the 1940’s. In the 60´s 
and 70´s the Four Channel Discrete and the Quadraphonic surround systems were 
introduced. Starting in the 70’s Dolby presented solutions for surround sound. The 
Digital Theatre System (DTS) was popular for music listening in the 90’s, due to its 
relatively high bit rate. Today, Super Audio CD and DVD-audio present surround 
sound formats with an even higher resolution than CD-audio. With these systems, 
surround sound has become more accessible to consumers. 
 
With this development in mind, it is obvious that the industry has been mainly 
concerned with enhancing the listener’s perception of the sound image around him. 
Today it is possible to get an impression of surroundness close to 360 degrees in the 
horizontal plane. Research has also been made in order to create a spherical 
reproduction around the listener. 
 
The depth perspective, too, has been covered by some research. Still, we don’t fully 
understand the phenomenon as we do the stereo panorama. Part of the reason for this 
could be the difficulty in defining the phenomenon, and the methodological 
difficulties encountered when investigating it in practical listening tests. To learn more 
about depth it is also necessary to study distance perception. One question is to what 
extent the perception of distances in recordings differs between different listeners 
and/or groups of listeners. 

1.1 Purpose of the study 

In order to support the possibilities of delivering a desired musical result by means of 
recorded sound, the main objective of this paper is to study whether there are 
differences between sound engineers and musicians in how they perceive distances in 
recordings. The two questions are: 
 
1. Do the musicians perceive the same distance to sound sources as the sound 

engineers? 
2. Do the musicians prefer the same distance to sources as the sound engineers? 
 
Also, the possibilities of surround sound recording could probably be more efficiently 
used with an improved knowledge of distance perception. This experiment, with 
stereo recording, is one part of this process. 
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If the study shows differences in the perception and preference of depth between 
musicians and sound engineers, the next question will be to what extent this will affect 
the practical process of recording. This question will however not be discussed in this 
work.   
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2 BACKGROUND 

In this section a background to the phenomena of distance and depth will be given. 
Previous studies will be presented and one crucial question concerning listening test 
methods (ways of reporting egocentric distances) will be discussed in perspective of 
previous studies. 

2.1 The definition of depth and distance 

Rumsey [1] describes the difference between depth and distance in audio reproduction 
from a theoretical point of view. 
 
“…source distance is considered to be the perceived range between a listener and a 
reproduced source. Depth on the other hand is related to the sense of perspective in 
the reproduced scene as a whole, and refers to the ability to perceive a scene that 
recedes from the listener, as opposed to a flat sound image.” 
  
According to Rumsey, the difference between depth and distance become obvious in 
mono reproduction where it can be possible for the subject to perceive different 
distances to different sources but where it normally is hard to perceive a depth. 
Another definition of depth is presented by Griesinger [2] who describes depth as 
“sound sources appear to be behind the loudspeaker basis and not in the loudspeaker 
themselves”.  
 
Wittek [3] discusses the parallel between depth and distance and visual information. 
In a picture rich in distance cues, it is possible to detect distances to different visual 
objects. It is nevertheless impossible to feel a real depth in the picture. The picture is 
only a two-dimensional copy of a three-dimensional environment. This could in audio 
context be related to monophonic sound, where it is possible to detect different 
distances to different sources, but not a depth. This may also be the case with a poor 
stereo recording (author’s notification). If the observer would like to enjoy visual 
depth in the picture he would need to observe a three-dimensional photo through 
special glasses. In an audio context, he would no longer hear only different distances 
in the sound picture, but also a real three-dimensional depth. This is easier in stereo 
and surround listening since there are more possibilities to reproduce acoustical cues 
from the hall where the music is recorded. 
 
As a pre-study to this work the author studied the concept of depth and distance from 
a practical point of view [4]. Sound engineers were interviewed and asked to discuss 
different aspects of depth and distance, and the results were compared with existing 
research in the field. The first thing that subjects thought of when they heard the word 
“depth” was that different sources can be located at different distances from the 
listener. This was interpreted as an explanation of the expression “distance 
perception”. 
 
The subjects in the study also discussed other forms of depth besides the distance 
perception. The depth was perceived as a three-dimensional room in front of the 
listener, where the instruments were located. This is very much in correspondence 
with Rumsey’s results [1] discussed above. Subjects also referred to the acoustical 
area behind the musicians as depth. In this situation the depth, according to the 
subjects, was created by the reflections from the back wall. 
 
This study is dealing with the perceived distance to the source, not the depth. Of 
course, in order to produce a sound image with depth it is also necessary to understand 
the distance perception. 
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2.2 Previous studies 

As shown above, the concept of depth can be divided into the impression of a three-
dimensional room and into the perceived distance to the sound source. The author has 
not found any major studies concerning how to control the perceived depth when it is 
described as a three-dimensional continuous room in front of the listener. All major 
research in the field is focused on distance perception, i.e. how the human hearing 
system detects acoustical distances. This research is reviewed by Coleman [5], Blauert 
[6] and by Ekman and Berg [4]. 
 
The research has been focused on the so-called distance cues, the information in the 
sound that gives the listener a possibility to estimate the distance to a sound source. 
All the cues change when the distance to the source changes. One important aim has 
been to determine which of the cues are egocentric and which exocentric. If a cue is 
egocentric it gives the listener absolute distance information, whereas an exocentric 
cue gives only a relative information about the distance between two sources. In the 
pre-study to this work [4] there is more information concerning this. The six distance 
cues are: 
 

• Intensity  
• Spectral coloration  
• Ratio between direct and reverberant sound  
• Early reflections 
• Curvature of the wave front 
• Connection between vision and audio information 

 
The intensity cue is based on the phenomenon that the sound pressure decreases when 
the distance to source increases. In an anechoic ideal environment with spherical 
radiating sources, the decrease will be 6dB for every doubling of distance [6]. The 
spectral coloration with increased distance happens due to the absorption in air [7]. 
High frequencies are more absorbed in air than low frequencies. 
 
Both the ratio between direct and reverberant sound and the early reflections are 
connected to the reflective qualities of the room. With increased distance to source, 
the amount of reflected sound in relation to direct at the listeners position will 
increase. The distance to the source also affects the structure of the early reflections. 
When the distance increases, the time gap between the direct sound and the first 
reflection will decrease. Also other parts of the early reflection pattern are influenced 
by the distance between transmitter and receiver [8]. 
 
The curvature of the wave front and the link between vision and audio information are 
the two distance cues of which least is known, in any case the amount of literature on 
the subject is small. The curvature of the wave front becomes important at short 
distances (<3 metres) when the wave front can no longer be seen as plane. The angle 
of the incoming sound will therefore vary, which leads to different coloration caused 
by the head and the outer ears. This effect will be stronger with sounds above 600Hz 
[6]. In a concert situation, visual information influences audio perception. In 
recordings there is no visual information connected to the audio scene. It is important 
to know how this influences the audio experience and how the lack of visual 
information can be compensated, if this is necessary or even desirable. Among others, 
Gardner [10] and Zahorik [11] have studied the connection between visual 
information and distance perception. 
 
In addition, there are studies other than those directly concerned with distance cues. 
The main purpose of that research has been to integrate the knowledge about distance 
cues with practical audio engineering. One example is the studies concerning virtual 
reality and 3D-TV. The capturing of depth with different microphone techniques or 
creation of depth with artificial reverberation have also been studied [2][12]. The 
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knowledge of the distance cues has resulted in research of new sound consoles that 
with a single fader or pan pot gives the possibilities to move the sound in the depth 
direction [13]. 

2.2.1 Ways of reporting egocentric distances 

A major challenge in constructing listening tests concerned with distance estimation is 
how the subjects should report their answers. The problem can be divided into two 
questions, where the first concerns how the subjects can decide at which distance the 
audio event is, and the second how they are to report this an a reliable way. 
 
Many previous studies have faced the same questions and solved them in different 
ways. Brixen [14] asked the subject to choose, from different pairs of stimuli, the one 
perceived as having the most distant position. Park et al. [9] used the same method. 
This method gives no absolute distance information to the stimuli but works in tests 
without this need. Komlyama et al. [15] used reference loudspeakers at different 
distances. The subject reported at which distance he perceived the audio event 
produced by a loudspeaker array in relation to the sound from the reference 
loudspeakers. Neither this method gives the subjects possibilities to report exact 
distances to the audio event. The precision will however increase with an increased 
number of loudspeakers. 
 
Michelsen and Rubak [16] asked the subjects to report the perceived distance to the 
audio events in metres without any visual scale. Nielsen [17] made the task easier for 
the subjects with a metre scale on the floor. The subjects then reported the distance via 
a computer interface. The display showed two concentric circles that represented 
distances of 0.5 and 8 metres. The subjects were free to mark the distance estimation 
between or outside the circles at any positions. A source of error is the subjects’ 
translation of a perceived distance to an auditory event into a distance expressed in 
metres. 
 
If it may be expected that the audio event will be perceived to be at a large distance 
that exceeds the dimensions of regular rooms, the test can be performed outdoors. 
Brungart [18] conducted his tests on a large grass field with the scale marked at 
distances of 0.5 to 128 metres in front of the listener. In his experiments, Brungart 
used headphones, which can be seen as necessary if the test is performed outdoors. 
One possible problem with this method is that the audio event may be drawn to a 
visual object [19] such as the scale markings. The author thinks that it might also be 
difficult to perceive an audio event on the same height as the head and then register 
the distance to this event on a scale marked on another height, for example on the 
floor. 
 
Wittek et al. [19] solved many problems by introducing a cableway in front of the 
subject. With this cableway, the subject had a possibility to adjust the distance to a 
dummy loudspeaker until it corresponded with the perceived distance to the audio 
event. The distance was then indicated with a laser mounted on the dummy 
loudspeaker. The sound was generated with loudspeakers positioned behind a curtain 
on the right side of the subject. 
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3 METHOD AND TEST DESIGN 

Since the aim of the study is to investigate possible differences in audio perception 
between two groups, the groups will listen to, and judge the same stimuli. If the 
groups present different judgments in the test, this will be a result of the different 
group belonging. Before presenting the structure of the listening test and which 
questions it includes, the construction of the stimuli, the design of the listening panel, 
the scale and user interface used for reporting distance and preference will be 
presented.  

3.1 Stimuli 

In this study, it is essential that stimuli can produce different perceptual distances to 
sound source. Since the aim of the work is to investigate the sensation of distances in 
an authentic recording situation, the decision was made to use stimuli recorded in a 
concert hall. The stimuli were recorded in the concert hall at the Department of Music 
and Media, Luleå University of Technology, Sweden. 
 
Another possibility would have been to add different distance cues to stimuli recorded 
in a non-reverberant environment. The knowledge concerning the interaction between 
the different distance cues is still limited. As it would have been difficult to control all 
the distance cues that affect the perceived distance such a method was rejected.  
 
The differences between the stimuli were created by means of different distances 
between the sound source and the microphone set-up. When the distance between the 
microphones and the sound source became greater, many of the distance cues 
presented earlier changed. It is however important to notice that the microphone 
works differently from the human ear in many ways. For example, it is impossible to 
produce the same angles of incoming early reflections in stereo reproduction as in the 
real acoustic context. Other cues may also suffer from distortion caused by the 
recording chain. If the stimuli were able to produce different perceived distances or 
not was investigated in the first part of the listening test, and the results are presented 
in Section 4.1. 
 
The stimuli were selected to differ from each other in terms of frequency distribution, 
attack and directivity. Instruments that are usually played at different distances from 
the listener were included. It was decided to use trumpet, female vocal (singer) and 
hand clapping (abbreviated hereafter “Clap”). The trumpet player performed Etude 44 
by Arban and the singer a Swedish folk song. The hand clapping formed an 
improvised rhythm. 

3.1.1 Recording of stimuli 

In the concert hall, six pairs of microphones were positioned at six different distances 
from the source. The number of microphones decided on was the result of a 
compromise between equipment limitations and a desirable resolution of the distance 
continuum between microphones and source.  
 
The distances between the microphones were chosen to be logarithmic in order to 
correspond to the behaviour of spherical radiated sources, e.g. the inverse law of 
intensity. The author concluded from his own experience that the closest microphone 
distance that could be used in recording of actual instrument in similar acoustical 
context was around 0.5 metres. The result of this was that the other microphone 
distances became 1, 2, 4, and 8 metres (Figure 1). The author concluded, again from 
his own experience, that the distance in an authentic recording session could be within 
4 metres from the source. To create more accuracy and more alternatives for the 
subject to choose preferred distances, an additional pair of microphones was placed at 
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a distance of 3 metres from the source. Consequently, each recording included six 
pairs of microphones in all (Figure 1). 
 
All distances, expect for 3 metres, were covered with AKG C414B ULS microphones. 
The 3 metres distance was recorded with AKG C414B TLII microphones. This 
decision was forced by the lack of a sufficient number of equal microphones. Since 
the aim was not primarily to compare the different distances, but the two subject 
groups, different types of microphones could be used. 
 
All microphones were set to omni-directional characteristics. The reason for this was 
to pick up as much information from the room, especially lateral reflections, as 
possible. In the recording sessions, it was also easier to work with omni characteristic 
since it is not as dependent of the inter-microphone angle as for example an ORTF-
set-up. 
 
The decision of inter-microphone distance was based on the following considerations. 
For the 0.5 metre distance, it was important that the microphones in one pair were not 
placed too far apart, as this could have caused a “hole in the centre” effect. A great 
distance between the microphones would have caused a small recording angle [20], 
which was not necessary or even desirable in the experiment. Even though the 
recording of one instrument does not necessarily require a wide recording angle, it 
was also important to give space for reverberation in the sound image. The author 
decided to set the recording angle to ±60°. Williams [20] concludes that this recording 
angle for omnis results in a distance of 0.44 metres between the microphones and an 
opening angle of 0° (Appendix 1). Williams’ studies relate to ideal microphones. In 
practice, all microphones are more or less directed. Therefore, the recording angle 
becomes slightly smaller. The same distance (0.44 metres) between the A/B-
microphones were used for all pairs of microphones (Figure 1). 
 
 
 

 
Figure 1: Microphone set-up shown from above. The six pairs of 

microphones on six different distances from the instrument. All distances are 
expressed in metres. 

The next step was to decide the height of the microphones. The aim was to keep the 
same height for all the pairs of microphones. One could argue that this would not give 
the same coloration for all of the distances since the instruments do not necessarily 
have their main radiation in the horizontal direction. However, audiences in a concert 
hall experience the same effect. This might therefore be a distance cue important to 
preserve. 
 
It was also necessary to keep the microphone heights the same for all the instrument 
recordings. The author is aware of the fact that different instruments often are 
recorded at different heights. Still, a decision was made to keep the height equal for all 
recordings. Again, since it is not primarily the instruments that will be compared, this 

0.5  1  3 4  2 0 

0.44 
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is not a problem. To meet the requirements and compromises described above, the 
author decided to place the microphones 1.35 metres over the floor. In the concert hall 
there is no difference in floor level between the stage and the audience. 
 
The microphones were preamplified with two Milenna HV-3D, one with 8 channels 
and one with 4 channels. The signals were then recorded by a computer with a RME 
Fireface 800 interface (24 bits, 48kHz). The process was monitored with AKG K240 
headphones. All the microphones were recorded simultaneously. The set-up is showed 
in Figure 2. 
 

 
Figure 2: Recording of stimuli as seen by the musicians. The picture shows 
six pairs of AKG –microphones on six different distances from the musician. 

3.1.2 Preparation of stimuli 

The duration of the vocal stimuli was 48 seconds, the trumpet 54 seconds and the hand 
clapping 10 seconds, and the stimuli were named as follows: 
 
 

Clap_0.5 Vocal_0.5 Trumpet_0.5 
Clap_1 Vocal_1 Trumpet_1 
Clap_2 Vocal_2 Trumpet_2 
Clap_3 Vocal_3 Trumpet_3 
Clap_4 Vocal_4 Trumpet_4 
Clap_8 Vocal_8 Trumpet_8 

Table 1: Stimuli used in all three parts of the listening tests. The numbers 
indicate the microphone distance with which the instrument was recorded. 

The purpose of conducting the listening test with different instruments was to examine 
if factors differing between the instruments, such as spectral balance, would create any 
differences between the two groups of subjects. Besides the spectral coloration, one 
difference between the instruments is the intensity variation. Obviously, a trumpet 
normally has a bigger intensity than a singer at the same distance. This might have 
proved a reason for possible differences between the instruments and/or groups. The 
author nevertheless decided to level out the intensity variations. He found it more 
important that every instrument could be listened to and evaluated in a pleasant 
volume, than to study possible differences caused by the intensity dissimilarities. 
Therefore, before the experiment, three subjects were asked to adjust the levels to a 
point where they perceived the instruments as being equally loud. The average 
judgements were then applied on the stimuli.  
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Subjects compared only stimuli recorded with microphone distances of one metre. If 
more distantly recorded stimuli had been compared, the amount of reverberation in 
each stimulus would also have been evaluated to a greater extent. Consequently, 
differences in the amount of reverberation would partly have been levelled out. The 
possible level differences between the instruments caused by the room were 
considered important to preserve. Since the instruments have different directivity, the 
room will be influenced differently by them, something that might result in different 
distance perceptions. These differences were interesting to the study. 
 
No other corrections of frequency response or dynamic range were made.  

3.2 Subjects 

The listening test required two types of subjects, musicians and engineers. All subjects 
were recruited at the Department of Music and Media in Piteå, where the test was also 
performed. The musicians will from now on be indicated with M and the sound 
engineers with T (from the Swedish word “tekniker” – technician). The university 
offers education for music teachers in classical music and rock/pop, for studio 
musicians, church musicians, dancers, and different media professionals including 
sound engineers.  
 
The criterion for students participating in this study was that they should have been 
studying music or sound engineering as their main subject for at least one semester at 
university level. Teachers and other professional working musicians and sound 
engineers were also welcome to participate, however, no active recruitment was done 
outside the Department of Music and Media. The subjects were recruited through 
public invitations on different notice boards at the university, also, e-mails were sent 
to potential subjects. Due to the difficulties in getting subjects, possible listeners were 
also personally contacted. All subjects participated in the test without compensation, 
economical or other.   
 
In the test, 17 musicians and 20 sound engineers participated. In the case of one sound 
engineer, the regular lighting in the listening room was incorrectly switched on during 
the test, which enabled him to see the actual loudspeaker position. The data obtained 
from this subject was therefore eliminated from further analyses. During the tests 
taken by another sound engineer and one musician, the special lighting in the room 
was turned off. It was therefore dark in the room and hard to see the scale. For that 
reason they did not have the same conditions as the other subjects, and their data were 
also eliminated. This resulted in data from 16 musicians and 18 sound engineers to be 
analysed further.  
 
No control concerning the hearing ability of the subjects was made. Students at the 
sound engineer program have nevertheless proved to have good hearing, as it is a 
prerequisite for being admitted to the education. The hearing ability of the musicians 
cannot be guaranteed. Listeners between 20 and 30 at least do not suffer from hearing 
impairment caused by age. 
 
In the introduction of the test, subjects were asked to give some information 
concerning their age, musical background and how they listen to music (for more 
information concerning the questions, see Appendix 2). It was important to know the 
background of the subjects, as this could affect the results. It is not possible to give a 
fully detailed report here, since this would make it possible to identify individual 
subjects, but the main tendencies will be reported.  
 
Since the group of subjects mainly consists of students at the university, most of the 
subjects were between 20 and 30 years old. No specific differences regarding age 
could be seen between musicians and sound engineers. 
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All of the musicians naturally play an instrument or are vocalists. Only two of the 
sound engineers reported that they do not play an instrument. Keyboard 
instrumentalists, including both the piano and the organ, were the most represented 
among the subjects. One difference between the groups was that five sound engineers, 
but only one musician, played plucked string instruments. This group includes electric 
guitar and bass. Most of the sound engineers played a plucked string instrument with 
electric amplification. 
 
Regarding style, the subjects represented a broad taste. No subject preferred classical 
music only; in fact most of the subjects listened mostly to non-classical music. Nine of 
the subjects reported that they listen to both classical and non-classical music. The 
group non-classical includes many different styles such as rock, pop, jazz, folk music, 
soul, hip-hop, punk and metal. More sound engineers than musicians listen only to 
non-classical music and consequently more musicians than sound engineers listen to 
both. 
 
Most of the musicians reported that they more often listen to music stored on a linear 
medium (e.g. CD) than non-linear (e.g. MP3). For the sound engineers, the situation 
was more equal. Most of the sound engineers listen to live music 1-2 times a month. 
For the musicians, the answers were more spread. They visit live music performances 
more frequently than the engineers do. 
 
In Appendix 2 there is more information concerning the background of the subjects. 

3.3 Distance reporting and scale 

An essential part of the methodological consideration was to decide how the subject 
was to report the perceived distance to the audio event. The author decided to work 
with the same method as Wittek [19], which was presented in Section 2.2.1.  
 
In a preparation test, the author found it difficult to perceive a stable audio image on a 
specific distance in the room when the loudspeakers were sighted. This could be a 
result of the proximity image effect which states that the human hearing system tends 
to localize the audio event to the same position as the closest visual object [10]. Based 
on this, the author decided not to show the loudspeaker positions to the subjects. Since 
the listening test required regular stereo listening with loudspeakers at ±30° angle, it 
was necessary to build a tunnel of acoustically transparent curtains behind which the 
two loudspeakers could be placed. The tunnel was lighted with spotlights – outside the 
tunnel the lights were switched off. This decreased the visual transparency of the 
curtains. In the tunnel was a cableway, running from the listening position and away 
from the subject straight across the room. This cableway enabled the subject to move 
a dummy loudspeaker, realized by a picture showing a loudspeaker, back and forth in 
front of him. Under the cableway, the distance was marked on the scale from 0 to 120 
decimetres with 10 decimetres interval. The set-up is shown in Figure 3, Figure 4 and 
in Appendix 3. 
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Figure 3: The listening room where the test was conducted;                       

the subject’s view 

 
Figure 4: The listening room where the test was conducted;                 

outside the tunnel 

3.4 The listening room and set-up 

The listening test was conducted in the TV studio at the Department of Music and 
Media in Piteå. The studio is acoustically rather dry. The loudspeaker pair, Genelec 
1030, was placed in a regular ±30º set-up, 2 metres from the listening position. The 
height of the loudspeakers was 1.5 metres. The volume of the loudspeaker was 
adjusted by the author and set to what was for him a comfortable level. The maximum 
volume at the listener’s position was 86.3dB(A). This was measured with Monacor 
SM-2 sound level meter and received from the trumpet recorded on a distance of 0.5 
metres. Maximum volume of the background noise was 36.2dB(A). 
 
Computer software was programmed for the test in tcl/tk+snack. The computer with 
Windows XP delivered the 24 bit and 48kHz TDIF signal via the sound card 
Mixtreme V1.3.1. to DA-conversion in Tascam IF-DA8.  
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3.5 Test procedure 

The author decided not to include a training phase in the test. This could be criticized 
since many former studies show the importance of an appropriate training of the 
subjects [21]. A training phase in this test would have consisted of instructing the 
subject in how to listen to the distance perspective of the stimuli. However, the author 
found it important not to control the subjects in their listening, especially as there was 
no evidence at that point that the stimuli would produce different distance perceptions. 
 
Before beginning the test, the subjects were asked to read information concerning the 
test. The information given is found in Appendix 4. 
 
In the introduction of the test the subjects were asked for personal information and 
how they consume music. This information was collected in order to enable future 
analyses of the impact of background factors on distance perception. After the 
introduction, the test consisted of three different parts.  
 
1. Evaluation of perceived differences between stimuli 
2. Evaluation of perceived distance to the audio event 
3. Evaluation of preferred distance to the audio event 
 
The objective of the first actual part of the test was to investigate how the subjects 
reported their perception of differences between the stimuli in words, and whether 
these descriptions differed between the subject groups. The first part consisted of three 
similar pages, one for each instrument. (see Appendix 5). The order of the test pages, 
and thus the presentation of the instruments, was randomised. Behind the A and B 
buttons the stimuli produced by the closest and the most distant microphone positions 
were hidden. The function of the buttons was randomised for every trial. The Swedish 
text instructed the subject to report the three most significant differences between the 
music examples. The subject was instructed to write down one word or a shorter 
phrase on every line. The subject was then asked to push the “Save, and continue the 
test” button when he was satisfied with his answer. 
 
Also the second part consisted of three test pages, one for every instrument (see 
Appendix 6). The order of the instruments was randomised. On every test page all six 
microphone distances for one of the instruments were presented by means of six 
playback buttons for which the order of appearance was randomised. For each 
stimulus, the subject was instructed to estimate the distance between him and the 
instrument. This was done by the subject moving the dummy loudspeaker to a 
distance in the room that corresponded with the perceived position of the audio event. 
When the subject was satisfied with the positioning, the distance to the dummy 
loudspeaker was compared to the scale on the floor by a gauge attached to the 
loudspeaker and pointing to the scale. The scale reading was then entered into the 
computer by the subject. If the subject perceived the distance to be more than 120 
decimetres (12 metres), he was instructed to indicate a distance of 130 decimetres. 
The faders generated linear data from 0 to 130. The subjects could see the generated 
value for every fader. Each trial ended with the button “Save and continue the test”. 
 
In the third part of the test, the aim was to study which microphone distance the 
subjects preferred for the different instruments. Again, the three instruments were 
presented in three test pages in random order (see Appendix 7). On every page were 
six buttons, one for every microphone distance. Above each button, a fader was 
placed. The subjects were asked, for each stimulus, to report to what degree they liked 
the distance to the source. Three labels on the scale guided the subjects in the 
reporting of preferred distances. The top label of the faders was “I like the distance a 
lot” and the bottom label “I don’t like the distance at all”. At the scale’s midpoint was 
a label with the text “Neutral”. Each trial ended with the button “Save and continue 
the test”. The faders generated values between 0 and 130. The values were not visible 
to the subjects. 
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After the test, the subjects had the possibility to give written feedback concerning the 
test procedure. Six subjects gave feedback. This feedback is presented in Section 4.7 
and discussed in Section 5.6. 

3.6 Method of analyzing data 

The statistical analyses have been conducted in Statgraphics Plus for Windows 4.0. 
The main statistical tool used in this study is Multifactor Analysis of Variance 
(ANOVA).    
 
In analyses where only two groups of data are compared the LSD (Least Significant 
Differences) interval with the significance of 95% will be used. LSD interval is meant 
for few comparisons. In analyses where the aim is to test a specific thesis, it will also 
report smaller differences between means as significant [22]. When many 
comparisons between several groups are necessary, the Tukey HSD (Honestly 
Significant Differences) interval will be used. The HSD-interval takes into account 
that several comparisons increase the risk of type 1 error. Therefore, it requires greater 
differences between means in order to report significant differences.  
 
In the analyses it could be a problem that the audio event could be perceived farther 
away than the scale admits. This could lead to a concentration of estimations to 130 
decimetres and problems with the distribution. There are statistical methods to solve 
this issue. Previous research has however shown that it can be enough to, for example 
in this study, give distance perceptions over 12 metres the value 13 metres [17]. 
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4 RESULTS AND STATISTICAL ANALYSES 

The emphasis of this study, and also this section, is on comparing musicians with 
sound engineers when it comes to estimated and preferred distance to an audio event. 
First however, the results from part one of the test will be presented. Then, before the 
presentation of possible differences between groups detected in part 2 and 3, an 
introductory data analysis will be conducted.  

4.1 Part 1: Perceived differences between stimuli 

Data from the first part of the test was divided into 10 categories as shown in Table 2. 
The factors included in the category “Various” are presented in Appendix 8. All 
subjects except one musician reported, with one or several of the instruments, that the 
distance to the audio event was a factor differing between the stimuli. In three cases 
the subjects reported a greater distance to stimuli recorded with the 0.5 metres 
microphone distance than the 8 metres distance. This was regarded as a user mistake. 
The perceived intensity and reverb were also reported as important differences 
between stimuli. 
 
Musicians reported 96 differences in all between stimuli, which corresponds to 6 
differences for each subject. The group of sound engineers gave a total of 135 
answers, in average 7.5 answers by each subject. 
 
Since the distance to the instruments is the most important reported factor, this 
confirms that the stimuli created different distance perceptions and that the subjects 
could focus on the differences. 
 
 

 Musicians Engineers Totally * 
Distance 94 % (15) 100 % (18) 97 % (33) 
Various 75 % (12) 78 % (14) 76 % (26) 
Reverb 50 % (8) 72 % (13) 62 % (21) 
Intensity 38 % (6) 78 %  (14) 59 % (20) 
Spectral balance 25 % (4) 22% (4) 24 % (8) 
Preference 25 % (4) 11 % (2) 17 % (6) 
Hall 19 % (3) 11% (2) 15 % (5) 
Localization 13 % (2) 11 % (2) 12 % (4) 
Stereo width 6 % (1) 11 % (2) 9 % (3) 
Realistic 6 % (1) 0 % (0) 3 % (1) 
    
Total number of answers 96 135 231 
Average amount of answers per 
subject 6 7.5 6.8 

Table 2: Categorization of data in the first part of the test. The percentage 
shows how many of the subjects reported differences that fitted into the 
category in point for at least one instrument. The last column shows the 
amount of subjects that in comparison with the total number of subjects 

reported an actual difference. The numbers in parenthesis show the absolute 
number of subjects. In the lower part of the table, there is information 

concerning the total number of answers. See Appendix 8 for more specific 
results and for information on the content of the group “Various”.                                                           

(* total amount of subjects = 34) 
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4.2    Introductory data analyses 

Before the data was analysed, an introductory data analysis was made. This included 
post screening of data, distribution analyses and variance analyses. 
 
The first step was to examine whether any of the subjects had left out one or several 
trials. If a subject had left all faders in one trial at the same position, this was 
interpreted as a user fault and the data could be eliminated. No data concerning 
distance estimation, nor distance preference, was eliminated for this reason. 

4.2.1 Data from the distance estimation 

The ANOVA and post screening of data as in Equation 1 requires normally distributed 
data. The first step was therefore to check for normal distribution. The data for every 
stimulus was examined by Shapiro-Wilks test for normality, as well as skewness and 
kurtosis analyses. The critical p-value was set to 0.10. For p>0.10, the normal 
distribution of the data was not rejected. Hence, 10 of the 36 data sets (6 microphone 
distances * 3 instruments * 2 groups of subjects) showed a non-normal distribution of 
the distance estimation data (Appendix 9, Table 16). None of the judgments for 8 
metres microphone distances were normally distributed. However, this is an 
understandable result of the fact that the scale ended at the distance 13 metres. No 
action was therefore taken against these data sets. The four other sets without 
normally distributed data were spread over the data without any obvious pattern. No 
actions were made against these data. 
 
In the second analysis, the distribution of distance estimations for every stimulus and 
subject group was also examined separately. For every stimulus, an interval based on 
the mean and the standard deviation was constructed (Equation 1). Data points 
positioned outside this interval might have reflected the opinion of the subject. For 
some reason, however, the subject differed a lot in his estimation of perceived 
distance to the audio event compared to other subjects. Since the majority of the 
subjects’ estimations were concentrated around the same distance, the author decided 
to analyse these answers and leave out data points that would give an unjustified 
increase of the variance in each group. Therefore, data not included in the interval 
below was eliminated. 

sMXsM ×+<<×− 22      (Equation 1) 

M = mean of the distance estimation for every stimulus 
s = standard deviation of the distance estimation for every stimulus 
X = data point 
  
18 of 612 (2.9%) of the estimations did not fulfil the requirements and were 
eliminated. The highest number of data points for one subject that did not fulfil the 
requirements was 4. Clap stimuli generated most eliminated data (9). Trumpet 
generated 5 and vocal 4 eliminated points. Musicians contributed with 6 eliminated 
data, sound engineers with 12. 
 
Since the elimination resulted in changes of the distribution, a new check for normal 
distribution was made. In this check, 9 data sets (in comparison with 10 before the 
data elimination) did not fulfil the requirements of normal distribution (Appendix 9, 
Table 17). Again, all 8 metres microphone distances were non-normal distributed. The 
three other sets were T_Vocal_1, T_Vocal_3 and T_Vocal_4. The author nevertheless 
decided to continue analyses with all data that passed the data elimination.  
 
The variance of different levels that will be compared needs to be equal in order to 
conduct an ANOVA. Therefore the next action was to compare the variance between 
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the musicians and sound engineers for every stimulus separately. This was done by 
means of Cochrans’s C test. For five stimuli (3 clap and 2 trumpet) the variances were 
significantly different between the musicians and sound engineers (Appendix 10). The 
musicians showed a much larger variance in their answers than the sound engineers. 
Since ANOVA is relatively robust for deviation in basic data assumptions, no action 
was made to correct or eliminate data because of differences in variance. 
 
The fader was placed at maximum distance to the audio event, 130 decimetres (or 13 
metres), 53 times. This happened 21 times with the clap stimuli, 16 times with the 
trumpet and also 16 times with the vocal. It was mostly the microphone distances of 8 
metres that gave rise to these maximum estimations, but in two cases, the microphone 
distance of 4 metres was reported to generate a perceived distance of over 12 metres 
to the audio event. Similarly, this happened once with the microphone distance of 3 
metres. These three estimations were given of the clap stimuli. 

4.2.2 Data from preference rating 

Since there might be a substantial difference in what distance different subjects prefer, 
the author decided not to conduct a data elimination in accordance with Equation 1. 
The first step was therefore to exam whether stimuli generated normally distributed 
data. The same method as in the previous section was used. The distribution for 20 of 
36 data sets did significantly differ from the normal distribution (Appendix 9, Table 
18). 
 
When studying the non-normally distributed sets it is not possible to find any pattern. 
No instrument or group of subjects has generated more non-normally distributed data 
than another. The 0.5 and 8 metres microphone distance have contributed with most 
non-normally distributed data. The reason for this could be that many subjects have 
given minimum or maximum points to these distances and the distribution is therefore 
skewed. The differences in distribution between 0.5 and 8 metres and the other 
distances are however not that great. 
 
When visually inspecting the distribution for the non-normally distributed sets, mostly 
bimodal but also uniform and skewed distributions can be found. No obvious 
connection between the type of distribution and group belonging, instrument or 
microphone distance can be found. 
 
Due to the variety of data distributions, ANOVA may not be as reliable and a non-
parametric method of analysis was chosen. See Section 4.4 .  

4.3 Part 2: Estimation of distance to the audio event  

The ANOVA model comprises the factors Group (Df=1), Instrument (Df=2) and 
Microphone (Mic) distance (Df=5). It also examines the possible interactions between 
the factors. The analysis was performed with post-screened data (Section 4.2.1). The 
ANOVA table is presented in Table 3.  
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Table 3: ANOVA - perceived distances. Three main effects and their 

interaction. The circle indicates a significant effect (p<0.05) 

The analysis shows that all three factors have an effect on the estimation of distance to 
the audio event by over 99% significance. No interaction is detected between the 
factors. The analysis was also conducted with data that did not pass the elimination 
with Equation 1, but no major differences in the result could be found. 

4.3.1 Main effects 

Figure 5 through Figure 8 present the mean values and the associated LSD/HSD error 
bars for the three main factors. These are group belonging (Figure 5), instrument used 
as stimuli (Figure 6) and microphone distance to the instruments (Figure 8). All levels 
in all factors are significantly different from each other. The difference in estimated 
distance between musicians and sound engineers is 0.7 metre. In Figure 7, the 
differences caused by group belonging are presented for each instrument separately 
across distances.  
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Figure 5: Differences in distance estimation caused by group belonging - all 

instruments and distances. M=musicians T=sound engineers.            
(F=21.32  /  p<0.001) 
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Means and 95,0 Percent Tukey HSD Intervals
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Figure 6: Differences in distance estimation caused by the instruments – 

both groups, all distances. Significant differences between all levels. 
(F=14.67  /  p<0.001) 

Interactions and 95,0 Percent Tukey HSD Intervals
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Figure 7:  Differences in distance estimation between musician and sound 
engineers caused by the instruments. M=musicians (blue line)  T=sound 

engineers (red line). (interaction: F=0.72  /  p=0.487) 
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Figure 8: Differences in distance estimation caused by the microphone 

distance – both groups, all instruments. Significant differences between all 
levels.  (F=244.12  /  p<0.001) 
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The difference in distance estimation caused by the microphone distance is also 
presented in Appendix 11. There, the two groups are studied separately (Figure 14 
through Figure 17) as well as together (Figure 18 through Figure 20).  

4.4 Part 3: Rating of preferred distance 

The preference ratings were analysed by means of the Kruskal-Wallis test. For all 
analyses there are statistically significant differences (p<0.05). The Box-and-Whisker 
plots are presented in Appendix 12. The significant differences are also presented in 
Table 4 through Table 11.  
 
In Table 4 the result for the group of musicians is showed. Crosses on the same row 
indicate no significant difference between the distances marked by the cross. The 
more superior a row is in the table, the more preferred the distances on that row are, 
compared to an inferior row. For the musicians, the lowest median value of the 
preference ratings is 22.0 and is found for a microphone distance of 8 metres. The 
highest median value of the preference rating is 85.0 for 2 metres. In Table 5, the 
corresponding result for engineers is shown. The lowest median is 13.5 for 8 metres 
and the highest 87.0 for 1 metre. 
 
 

0.5 m 1 m 2 m 3 m 4 m 8 m 
 X X X X  
X     X 

Table 4: Significant differences (p<0.05) between preferred distances by 
musicians. All instruments. Crosses on the same row indicate no difference 

between the microphone distances. (Test statistics = 46.79  /  p<0.001) 

0.5 m 1 m 2 m 3 m 4 m 8 m 
X X     
X  X    
  X X   
   X X  
     X 

Table 5: Significant differences (p<0.05) between preferred distances by 
engineers. All instruments. Crosses on the same row indicate no difference 

between the microphone distances. (Test statistics = 105.37  /  p<0.001) 

In Table 6 through Table 11, results for the different instruments are shown 
separately. 
 
 

0.5 m 1 m 2 m 3 m 4 m 8 m 
X X X    
X  X X X  
X   X X X 

Table 6: Significant differences (p<0.05) of clap stimuli by musicians. 
Crosses on the same row indicate no difference between the microphone 

distances. (Test statistics = 25.68  /  p<0.001) 
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0.5 m 1 m 2 m 3 m 4 m 8 m 
X X     
 X X    
  X X X  
    X X 

Table 7: Significant differences (p<0.05) of clap stimuli by engineers. 
Crosses on the same row indicate no difference between the microphone 

distances. (Test statistics = 50.52  /  p<0.001) 

0.5 m 1 m 2 m 3 m 4 m 8 m 
 X X X X  
 X    X 
X     X 

Table 8: Significant differences (p<0.05) of trumpet stimuli by musicians. 
Crosses on the same row indicate no difference between the microphone 

distances. (Test statistics = 23.03  /  p<0.001) 

0.5 m 1 m 2 m 3 m 4 m 8 m 
X X X    
X  X X X  
     X 

Table 9: Significant differences (p<0.05) of trumpet stimuli by engineers. 
Crosses on the same row indicate no difference between the microphone 

distances. (Test statistics = 26.64  /  p<0.001) 

0.5 m 1 m 2 m 3 m 4 m 8 m 
 X X X X  
X     X 
      

Table 10: Significant differences (p<0.05) of vocal stimuli by musicians. 
Crosses on the same row indicate no difference between the microphone 

distances. (Test statistics = 18.53  /  p<0.003) 

0.5 m 1 m 2 m 3 m 4 m 8 m 
X X     
X  X X   
   X X  
    X X 

Table 11: Significant differences (p<0.05) of vocal stimuli by engineers. 
Crosses on the same row indicate no difference between the microphone 

distances. (Test statistics = 40.81  /  p<0.001) 
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4.5 Perception of absolute distances 

Correlation analyses were made in order to study to what extent a specific difference 
in microphone distances produced corresponding differences in distance estimation 
between the two groups. The absolute microphone distance was also compared with 
the absolute perceived distance to the audio event. Pearson product moment 
correlation analyses were used to study the correlations. The correlation was judged as 
significant when p<0.01.  
 
The correlation between the distance estimations of the two groups and the 
microphone distances were compared for all instruments together. The result is shown 
in Table 12 and in Figure 9. In the figure the complete correlation is also marked (blue 
line ). This line shows the perceived distance when it is exactly the same as the 
microphone distance. The red line ( ) shows the situation when the perceived 
distance is the same as the microphone distance plus two metres for the loudspeaker 
distance. This construction is discussed and explained in Section 5.4.    
 
 
 
Musicians  Sound engineers  
r-value p-value r-value p-value 
0.9398 >0.006 0.9319 >0.007 

Table 12: Correlation between estimated distance and microphone distance 
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Figure 9: Perceived distance to the audio event as a function of microphone 
distance. The musicians (dark blue line  ) and sound engineers (pink line 

) are shown separately. Also the complete correlation (r=1) between 
perceived distance and microphone distance is shown (blue line ). With 

the red line ( ) a complete correlation is shown when the loudspeaker 
distance of 2 metres is compensated. See Section 5.4 for background 

discussion concerning this correlation. 
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4.6 Effect caused by live music consumption 

Because of the small group of subjects, it is almost impossible to analyse if any 
specific background factor except the profession causes differences in distance 
estimation or preference rating. The effect of live music consumption is however 
studied. 
 
In the introduction of the test, the subjects were asked to report how frequently they 
consume live music. They were able to choose between five different alternatives (see 
Section 3.5). In Figure 10, a comparison between the groups is made considering live 
music consumption.  The average estimations of each subject were used in the 
analyses. The number of subjects in each level and the mean estimation of every level 
are presented in Table 13. To study if the pattern of live music consumption produced 
a difference between musicians and sound engineers, t-tests were conducted. In these 
analyses the mean values on each row in Table 13 were compared separately. The 
result is shown to the right in the table. Though the risk of Type 1 error increases with 
multiple t-tests, the decision was made to use the significance level of p=0.05. 
 
 

 Musicians  Sound engineers t-test 
Live music / month Subjects Mean (m) Subjects Mean (m) t-value p-value 
<1 2 7,5 2 7,8 -0,21 0,856 
1-2 3 8,4 10 8,0 0,38 0,708 
3-4 4 8,0 4 8,1 -0,09 0,933 
5-6 4 5,7 2 9,4 -2,78 0,050 
≥7 3 7,8 0 - - - 

Table 13: Subjects and data points of each level. Bold marked p-value 
indicates a significant difference (p<0.05) between musicians and sound 

engineers 
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Figure 10: Perceived distance to source as a function of live music 

consumption. All microphone distances and all instruments are studied 
together.  The circle indicates significant difference (p<0.05) between the 

groups. 

The effect of live music consumption on preference rating was not studied. 
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4.7 Feedback given by the subjects 

After the tests, the subjects had the possibility to write down their feedback 
concerning the test. Six subjects gave feedback. All feedback concerned the structure 
of the test.  The feedback is presented in this section and discussed in Section 5.6. The 
feedback from every subject is presented below in a separate section. The subject 
wrote to the author in Swedish. 

4.7.1 Feedback 1 

The sound level of the singer was too loud in the bass frequencies (feeling of 
proximity). This resulted in a non realistic sound especially for the stimuli recorded 
with the closest microphones. Therefore, stimuli with greater microphone distances 
were more realistic and favourable. The reverberation of the stimuli was very “phasy” 
and dependent on the altitude of the listener’s head. It is not clear from the feedback 
whether the problems occur for all instruments or only for the vocal. 

4.7.2 Feedback 2 

One subject thought that it was difficult to know if the distance estimation was meant 
to be focused on the loudspeaker positions or on the instrument positions (audio 
event). He thought that it was important to specify this in the instructions even if it 
would have been unessential for the study. 

4.7.3 Feedback 3 

One subject reported that he perceived the loudspeaker volume as too high for the 
trumpet and the singer. A result of this was that it was hard to detect the differences in 
reverberation between the stimuli in the beginning of the test. This became easier after 
a while. He also thought that it was hard in the first part of the test to know which 
aspects of the difference between the two stimuli, besides the distance differences, that 
should be evaluated. In the third part of the test, the subject thought that the quality 
scale was not clearly defined. He also discussed the differences that can appear 
dependent on how much time the different subjects spend on the different questions. 
Finally he thought that it was hard to keep up the concentration during the last part of 
the test. 

4.7.4 Feedback 4 

Another subject thought that it was easier to relate the sound of the trumpet and the 
singer to his own references end experience than it was for the hand clapping. The 
subject thought that it was easier to estimate the distance to the perceived audio event 
when he had the possibility of moving the dummy loudspeaker. In the third trial of the 
first part of the test, he noticed a difference between the stimuli that he would also 
have like to write in the first two trials. The subject therefore thought that it would 
have been good to have the possibility of going back in the test procedure. According 
to the subject one problem was that it took a while to get used to the test and to the 
sounds. 

4.7.5 Feedback 5 

One subject thought that it was difficult to read the distances over 8 metres. He did not 
give a reason for this. The same subject reported it difficult to grade the preference for 
the different stimuli. He thought that the preference is dependent on the context in 
which the instrument is included and suggested that the instrument could have been 
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used in ensembles. This concerned primarily the trumpet and the vocal, which usually 
are performed in different ensembles. 

4.7.6 Feedback 6 

Finally, one subject reported that he was pleased with the test set-up and that he 
appreciated the possibility to move the loudspeaker picture with the string. He also 
thought that the test interface was easy to understand. 

4.8 Test duration 

The test duration is shown in Table 14. The durations vary a lot between the subjects. 
From this it is not possible to judge the quality of given data. Some subjects may be 
more used to similar situations and thus work faster than others. No pre-scanning was 
therefore made on the basis of the test durations.  
 
 

 Musicians Sound engineers 
   
Shortest duration 14 minutes 10 minutes 
Longest duration 40 minutes 43 minutes 
Average duration 24 minutes 23 minutes 
   
Average test duration for all subjects: 23 minutes  

Table 14: Test duration 
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5 DISCUSSION 

The three test parts will be discussed separately in the sections below. The correlation 
between perceived distances and microphone distances will then be discussed. Finally, 
the feedback given by subjects and validity and reliability is considered and some 
suggestions for further research are made. 

5.1 Discussion concerning perceived differences between stimuli  

In the first part of the test, both musicians and sound engineers reported the distance to 
the audio event as the most important difference between stimuli. Also the intensity, 
an important distance cue, was perceived as a major difference (Table 2, p. 17 and 
Appendix 8). Overall, sound engineers reported more differences than musicians. This 
might indicate that engineers are more used to analytic listening of recorded sound 
and therefore have more details to comment. All major differences (distance, reverb 
and intensity) were reported by a larger percent of the group of sound engineers than 
the group of musicians. No statistical significance check between the percentages has 
been made. The result indicates however that more engineers than musicians reported 
a distance difference between the stimuli for each instrument. When studying all 
instruments together, musicians have also frequently reported the distance difference. 
Only one musician did not find the distance difference for any of the instruments. This 
musician might however be able to estimate the distance difference in the second and 
third part of the test, when this is particularly asked for. 
 
An important result is that musicians and sound engineers did not describe the sound 
experience in significantly different ways. The musicians did indeed not report the 
major differences as frequently as the sound engineers, but there are no specific 
attributes that the musicians related to more frequently instead. It is also of interest to 
notice that there is rather a large category of various attributes. This shows how 
complex the sound experience is. It also indicates that different listeners describe the 
experience differently, which makes the categorization of attributes difficult. 

5.2 Discussion concerning estimation of distance to the audio event 

Figure 5 (p. 20) shows that there is a difference in the estimations of the distance to 
the audio event depending on subject background. Sound engineers perceive a greater 
distance to the audio event than musicians do. The average difference in this study is 
0.7 metres. When studying the estimations of the three instruments separately (Figure 
7, p. 21), both stimuli with clap and vocal resulted in significant differences between 
the groups of subjects. For the trumpet stimuli, it was not possible to find any 
significant difference. The distance estimations of the two groups are also investigated 
on the basis of the different microphone distances (Appendix 11). The differences 
between the groups are not sufficient to show significant differences when the 
microphone distances are studied separately.  
 
The only factor differing between the groups is professional background. The cause of 
differences in distance estimation should therefore be found in the professional 
background [if the validity and reliability are sufficient (see Section 5.5, p. 31)]. Both 
groups work with music, the musicians performing and the sound engineers recording 
it. The musicians listen to live music more often than the sound engineers (Appendix 
2). This includes not only live concerts, but also rehearsals and other situations with 
live music. The sound engineers, on the other hand, listen to music reproduced by 
loudspeakers more often than the musicians. The author believes that the visual 
information in a concert hall might draw the audio event closer to the listener. In a 
recording it is therefore necessary to compensate the loss of visual information with 
stronger direct sound in order to create the same distance perception as in a concert 
hall. Because of this, there might be differences in the “calibration” of distance 



 
- 29 - 

hearing between the groups. Musicians that listen a lot to live music might in 
recordings perceive a closer distance to source for the same ratio of direct and 
reverberant sound than sound engineers that mostly listen to recorded music.  
 
The main effect of instrument shows significant differences between all levels (Figure 
6, p. 21). The clap stimuli are perceived as being the furthest away, the trumpet is in 
the middle and the vocal is closest to the listener. It is understandable that the clap 
stimuli are perceived more distant, since they consist of the strongest transients that 
excite the recording hall most. This, in combination with the clap’s short duration 
enables the reflected sound to be more audible. When the reverberant sound becomes 
strong in relation to the direct, the audio event is perceived as being farther away [23]. 
A possible explanation to why the voice is perceived to be closer to the listener than 
the trumpet might be that it then corresponds with the usual relative distance between 
the listener and the respective instruments in a traditional orchestra setup with a vocal 
soloist. This experience of the subjects might influence their distance perception. 
Another reason could be that the difference in loudness between the instruments was 
levelled out. The distance to the trumpet is therefore perceived as greater than the 
distance to the singer. 
 
Also the main effect of microphone distance shows significant differences between all 
six levels when all instruments and both groups are analysed together (Figure 8, p. 
21). This verifies the use of distance between microphone and source as a tool for 
creating distance cues audible in recordings. At the same time the result indicates that 
the recording procedure in this study managed to create differences between stimuli in 
perceived distance to the audio event. This was essential for the study. When the 
instruments are studied separately (Figure 18 through Figure 20 in Appendix 11) there 
are differences between many, but not all, of the levels. The lack of significant 
differences between some levels might give a correct picture of the possibility to 
perceive distance differences between microphones positioned nearby when it comes 
to certain instruments. It might also be a result of small samples. 
 
No interaction between the main experimental factors could be found (Table 3, p. 20). 
The difference in perceived distance to source between the groups is therefore neither 
dependent on the microphone distance nor the instrument. This opens up the 
possibility of a better ecological validity. If one instrument or microphone distance 
had shown an interaction with group belonging, it would have been necessary to 
discuss whether other instruments or microphone distances, not tested in this study, 
also would change the difference between the musicians and sound engineers. The 
absence of interaction does not guarantee a good possibility to generalize the results, 
but the result does not exclude the possibility. 
 
Tendencies that live music consumption frequency could be an important factor in 
distance estimation are shown (Figure 10, p. 25). When analyzing the live music 
consumption frequency it is however necessary to discuss the categorization on which 
the analysis was based. The amount of subjects in each category varies from 2 to 10 
(Table 13, p. 25). With samples consisting of only two subjects it is difficult to 
confirm the validity. One weakness in the analyses is also that there is no comparison 
between subjects consuming live music more than six times a month, since no sound 
engineers reported that they consume live music that much. Because of these 
limitations, no strong conclusions can be drawn from the analyses of live music 
consumption. The differences between sound engineers and musicians seem to exist 
only when comparing subjects visiting concerts frequently. This could however be a 
natural randomized result caused by the selection process of subjects.    
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5.3 Discussion concerning preferred distance 

Table 4 (p. 22) and Table 5 (p. 22) show a tendency that musicians and sound 
engineers preferred different distances to the source. Sound engineers prefer a shorter 
distance to the audio event. This is also shown in Table 6 (p. 22) through Table 11 (p. 
23) where the instruments are presented separately. For all instruments the musicians 
prefer more distant microphone positions than the sound engineers. Again, it is 
difficult to tell from the result why this difference exists between the groups. Possibly 
the sound engineers prefer a more detailed and close sound image, whereas musicians 
like a more homogenous overall impression. The differences in preference rating 
could also possibly be a result of the differences in distance estimation between the 
groups.  
 
Data from preference rating were mostly non-normally distributed. This shows that 
there is no strong common opinion about how a recording should sound when it 
comes to distance between the listener and the sound source. Another reason could be 
that all subjects did not perceive the distances or the labels on the faders the same 
way. With a sufficient number of subjects, possible differences in the perception of 
the scale should however have been levelled out. 
 
There are also indications that the sound engineers experience greater and more 
defined differences between what they like and dislike when it comes to preferred 
microphone distances, regardless of instrument. They seem to be generally more 
decisive in their opinions and judgements of the different distances than the 
musicians, and tend to express approval as well as dislike more strongly. This might 
be a result of the fact that they are, as a group, more trained in loudspeaker listening. 
Another reason could be that data given by the sound engineers show less variance 
than data given by the musicians. With less variance, the significance of the 
differences between the microphone distances increase.     

5.4 Discussion concerning perception of absolute distances 

Until now, only the relative differences in distance estimations between musicians and 
sound engineers have been discussed. In the recording process of pure audio 
information, absolute distance perception to the audio event might not be so 
interesting. It is probably more important to control the relative distance between two 
objects. The relation between microphone distances and distance perceptions will 
however be discussed here in order to investigate if there are factors that separate 
musicians from sound engineers in this sense. 
 
There are no guarantees that a specific microphone distance will create a specific 
distance perception. The distance cues of the recording will change depending on the 
microphone characteristics and positions. Also, the loudspeaker distance in the 
listening room could increase the perceived distance to the audio event. The 
differences in distance estimation depending on the listening room have been studied 
by Nielsen [17]. The aim of his work was to investigate the distance perception of real 
sound sources in authentic rooms. Therefore he used stimuli recorded in non-
reverberant environments and mono reproduction. The effect on distance perception 
caused by the distance to the loudspeakers has however not been studied when using 
recordings made in authentic reverberant environments and reproduced in stereo. In 
other words, the interaction between the listening room and the recording room 
acoustics is not totally known when it comes to distance perception. If there is an 
extension, the author is inclined to believe that different listening rooms add different 
distance to the perception of the distance to the audio event. In anechoic environments 
the impact may almost be negligible, whereas it might be substantial in a very 
reverberant room. 
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The correlation between perceived distance and microphone distance is presented in 
Figure 9 (p. 24). When visually analysing the figure, it is not possible to find any 
differences between sound engineers and musicians in this sense. The fact that sound 
engineers overall perceive a greater distance to the audio event has already been 
shown and discussed. When comparing the differences in distance estimations with 
differences in microphone distances, both groups underestimate the differences, 
especially for greater microphone distances. With the greater distances is it however 
important to remember that the scale ended at 13 metres. This might partly explain 
why the underestimation of differences in distance was greater for the 4 and 8 metre 
microphone distances.  
 
Figure 9 (p. 24) also shows a curve where the correlation is 1 when the loudspeaker 
distance of 2 metres is added to the microphone distance. This is only an example of 
the extended distance estimation to which the loudspeaker could contribute. With this 
compensation, the effect discussed above becomes opposite. In this case, subjects 
overestimate the distance differences between the microphones at shorter distances. 
As the distance to the microphones increases, the impact of the 2 metre loudspeaker 
distance becomes less significant. In this region, the subjects underestimate the 
differences in the same way as discussed above. Previous studies concerning distance 
perception to real sound sources (or loudspeakers with acoustically dry instruments or 
noise) have shown the same tendencies. The listener tends to overestimate the distance 
to the sound source when it is short, and to underestimate it when it is greater 
[24][25]. In some previous studies it is however unclear whether the over- and 
underestimation of perceived distances actually describes an important aspect of the 
human hearing system, or whether it is merely a manifestation of the possible 
compression occurring when a person is asked to express a distance in metres. 
 
The discussion concerning the loudspeaker distance compensation shows that caution 
is needed when perceived distances are compared with changes in the microphone 
distances. All factors that could extend the distance perception (e.g. in this study the 
distance to the loudspeakers) need to be included in the analyses.  

5.5 Validity and reliability 

An important question is if the groups called musicians and sound engineers are each 
homogenous enough to motivate this division. Another question is to what extent the 
subjects chosen for this experiment are representative for the population outside the 
experiment. The variations within the groups concerning instruments played, preferred 
style of music, training etc are considerable. Many sound engineers are also 
musicians. This would speak against the thought of homogenous groups. Still, the two 
groups are mainly focused on different aspects of music: the performance or the 
engineering of music. This motivates the division.   
 
The study only consists of stimuli with one instrument and could therefore be 
criticised for lack of ecological validity. In this study the author has given priority to a 
better control of the sound image and an easier task for the subjects. According to 
Rumsey it is possible to evaluate localization, also in depth, with this kind of stimuli 
[1]. 
 
The test method raises some questions that could influence the reliability. The result in 
the first part of the test suffers from the fact that the subjects saw the tunnel and the 
scale when reporting the differences between the two stimuli. It would be surprising if 
the subject was not affected by this. Hence, it can be expected that a subject would 
indicate the distance to the source as one thing that is different between the stimuli. It 
would have been better to hide the tunnel in the first part of the test. In addition, it was 
not clarified to the subjects whether they should report which stimulus in each pair 
they preferred, or if they should give more descriptive features of the differences 
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between the stimuli. Both kinds of information would have been of interest in the 
study, but incomplete instructions might have lead to uncertainty among the subjects.  
 
As Wittek et al. [19] noticed in their work, visual objects in the listening room, such 
as dummy loudspeakers, might draw the audio event to them. This could also be the 
case with the scale labels, especially since the subjects were not informed that they 
were allowed to report distances between the labels. Some subjects have only used 
labelled distances, but the majority has also freely placed their judgments between 
labels. 
 
One question concerning the scale is to what extent the subjects really used the 
cableway provided. Some subjects indicated in discussions after the test that they used 
the picture of the loudspeaker sparsely. It is possible that the subject in the beginning 
of the test used the cableway to “calibrate” their distance estimation and subsequently 
reported the distances without using the cableway. If this is the case, the cableway was 
important for the test. Concerning the cableway one can also discuss if the 
repositioning of a dummy loudspeaker (the picture of a loudspeaker) was the best way 
to indicate the distance. When listening to loudspeakers, the audio event is often not in 
the loudspeaker but behind it. Another picture might therefore have served as a more 
stable anchor. 
 
Concerning the cableway, the lighting in the tunnel also needs to be discussed. The 
spotlights were placed next to the listener’s position, which produced the strongest 
light in the closest part of the tunnel (Appendix 3). One subject reported that it was 
hard to read the scale over 8 metres. Whether this was a result of bad lighting or not is 
not clarified. One could also argue that the lighting exaggerated the perception of 
depth in the tunnel. The light was strong next to the listener and grew fainter farther 
away. If the subject had estimated the distance to the dummy loudspeaker without the 
scale labels, this could have been a problem. More distant distances could have been 
overestimated. Since the scale on the floor made the distance reporting independent of 
the subject’s ability to perceive distance in metres, the uneven lighting should not 
have caused problems. In future tests, a continuous lighting might nevertheless be 
considered. 
 
The use of A/B-microphones in the recording of stimuli can be discussed. The A/B-
technique usually gives a less stable phantom image, localization, than techniques 
based on the intensity difference between the channels. With a more stable image in 
the stereo panorama, it could have become easier to concentrate the sound to the 
dummy loudspeaker. On the other hand, an X/Y-set-up would be much more sensitive 
to movements of the sources in the panorama. 
 
The loudspeaker distance raises an interesting question concerning the curvature of 
the wave front (see Section 2.2). According to Blauert [6], the wave front cannot be 
seen as plane within distances of 3 metres from the source. The normal listening 
position in a control room is within 3 metres from the loudspeakers. Independent of 
microphone distances and the distance cues that the recording consists of, the wave 
front will therefore always be curved when it reaches the listener. To what extent this 
distortion has an impact on the distance perception in loudspeaker listening has not 
been studied. A possible impact could be that the curved wave front causes the listener 
to experience a greater proximity to the audio event than he would have done based 
only on the information from the other distance cues. A possible effect would of 
course also have an impact on the result in this study. On the other hand, this study 
aims to reflect practical recording work. Loudspeaker listening within 3 metres could 
be considered as normal listening conditions.    
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5.6 Discussion concerning feedback given by subjects 

In this section, the feedback on the listening test given by the subjects will be 
discussed. See Section 4.7 for feedback results. The feedback might not change the 
result of this study, but can be an important help in constructing similar tests. The 
feedback is discussed in the same order as it appeared in the presentation.  

5.6.1 Feedback 1 

The author agrees with the criticism concerning the spectral problems of the vocal 
stimuli. The recording was too strong in the bass frequencies. It was however difficult 
to produce a more balanced spectral content and still keep the same microphones and 
positions as for the other instruments. Different microphone positions for different 
instruments should be considered for future tests. It is interesting that the subject 
reported problems with the phase response depending on the level of his head. 
Normally problems with bad correlation can appear when the listener moves his head 
horizontally between the loudspeakers. The issue that the subject discusses might be 
connected to the placing of the loudspeakers or with disturbing physical factors at the 
listening position. If the subject’s experience is correct, different subjects with 
different length might have been exposed to different listening conditions in the test. 
Unfortunately, no adjustment of the chair was made between the subjects. This would 
have solved possible problems. 

5.6.2 Feedback 2 

The instructions to the subjects stated that they should estimate the distance to the 
instrument and report the distance on which the instrument was preferred. It is 
therefore difficult to know exactly what the subject meant when he report that it was 
hard to know if the distance to the instruments or to the loudspeakers should be 
estimated. 

5.6.3 Feedback 3 

The preferred listening volume is very subjective. Different listeners might be more or 
less sensitive when it comes to loudness. If many subjects thought that the sound level 
was too high, this might have influenced the result. The subjects become more easily 
tired or/and avoid listening to stimuli with too high a volume. If the result is that 
several differences in the first part of the test are not detected, the high volume creates 
a noise in the test data. It has however not been studied what the other subjects 
thought about the volume and therefore it is not certain how this has influenced the 
result. See Section 3.4 for information of how the volume was adjusted.  
 
The author disagrees with the subject in the question of evaluation criteria for the first 
part of the test. One interesting issue in the actual test was to study how the subjects, 
depending on their background, described differences in sound. The author agrees 
with the subject concerning the problems in the preference scale. It was however not 
possible to find a better solution for the test. The problem of different time 
consumption for different subjects is also a correct note. Still, different time 
consumption does not necessarily mean that some subjects conducted the test more 
carefully than others. Some subjects may indicate differences in recorded sound faster. 
It is also true that in the last part of a time consuming listening test, most subjects 
become tired and therefore produce less valuable data. Because of the random order of 
trials, this test noise will be spread equally over data collected with the different 
instruments. It is however impossible to avoid that the tiredness mostly will affect the 
third part of the test, preference estimation. Changing the order of the three test parts 
would not have been consistent with the purpose of the test. Hopefully, the subjects 
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took breaks to improve their concentration during the test. The test durations are 
presented in Section 4.8. 

5.6.4 Feedback 4 

The author agrees with the subject that it is easier to relate personal preferences to the 
trumpet and the singer. In Section 3.1 the selection process of stimuli is presented. 
The subject discusses an important issue for all listening tests; the training of subjects. 
In Section 3.5 it is explained why the decision was made not to conduct training of the 
subjects. Based on the feedback of this subject there are reasons to believe that this 
decision could be argued. The possible error caused by the lack of training has 
nevertheless been spread equally over all instruments. 

5.6.5 Feedback 5 

It would have been of interest to know why it was difficult to read the distances over 8 
metres. This difficulty may have resulted in incorrect grading of great distances. For 
future tests it would be important to consider if ensembles should be used instead of 
solo instruments. For reasons presented in Section 3.1 only solo instruments were 
selected to this study. The preferable distances to these instruments are dependent on 
the context. More effort could have been made in instructing the subjects to listen to 
the instruments only as they were performed in this study, i.e. alone.  

5.7 Further research 

One issue for further studies would be to clarify the reasons for the difference in 
distance estimation by the musicians and the sound engineers. Not until this question 
is solved would it be possible to study if musicians really prefer other perceived 
distances than sound engineers. In this study the perceived distance to an audio event 
is investigated. Since the results have shown that one parameter in the recorded sound 
can be perceived differently because of professional background, it would be of 
interest to study other parameters in the sound image as well. It is of great importance 
that musicians and sound engineers perceive recordings in the same way, or are at 
least aware of what the differences can be. Otherwise it is difficult to create a product 
that satisfies both partners.   
 
In further research it would be interesting to examine if the results of this study are 
connected to recorded sound only or if the same differences between the groups can 
occur in live music. It would also be necessary to expand the study to include more 
instruments in order to investigate whether the results are connected only to the 
specific instruments used here. As the microphone setup in this study was not 
optimized for each instrument, it would be necessary to record the instruments with 
microphone techniques more adapted to the individual instruments. It would also be of 
interest to repeat the study with 5.1 surround listening. In future analyses a larger 
group of subjects would be necessary, to enable a better investigation of possible 
differences between the groups, other than professional background. Other interesting 
differences could for example be the live music consumption frequency. 
 
The impact of distance to the loudspeakers on the perception of distance to the audio 
event has been discussed. It would be of interest to study how significant this 
influence is and how the influence differs depending on the acoustical characteristics 
of the listening room. It would also be important to study what distortion the curved 
wave front, produced by near field loudspeakers, add to the distance perception.   
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6 CONCLUSIONS 

The study shows that there is a difference between how musicians and sound 
engineers perceive distance to an audio event, and what microphone distance they 
prefer. Sound engineers in general perceive a greater distance to the audio event than 
musicians. The magnitude of the difference in this experiment is 0.7 metre. This is 
found when all data is analysed together but also partly when the instruments are 
analysed separately. However, the difference is not great enough, or the samples too 
small, to show a significant difference between the groups when the distance 
estimations for every microphone distance are analysed separately. 
 
An interesting issue is that sound engineers overestimate the distance to the audio 
event compared to musicians, but musicians prefer a greater distance than sound 
engineers. The most significant difference between the groups is that sound engineers 
more frequently listen analytically to recorded sound. The musicians spend more time 
expressing themselves through sound and music. Some possible reasons for the 
differences have been discussed but these can not be verified without further studies. 
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Appendix 1: SRA diagram for omni directional microphones  

This diagram, and diagrams for other microphone characteristics can be found in reference 
[20].  
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Appendix 2: Background information of the subjects 

In the introduction of the test the subjects were asked for personal information and how they consume music. 
In this was included: 
 

• Nickname (chosen by the subject enabling subject anonymity) 
• Age 
• Present education 
• If they consider themselves mainly as musicians or engineers 
• What kind of music they listen to 
• What instrument they play 
• How many times per month they listen to live music (less than 1 / 1-2 / 3-4 / 5-6 / 7 or more than 7) 
• Which sound media they mostly use (MD, MP3, download from internet / CD, SACD DVD-audio etc / 

equal) 
 
 
Instruments played by the subjects 
Many subjects named several instruments but in this presentation only the first instrument is included. The 
instruments were divided into six categories based on the information given by the subjects. Each category 
includes both popular and classical music. The group “key instrument” includes all types of key instruments, 
also the organ. The percussion category comprises both drums in popular music and traditional percussion in 
classical music. The category “plucked string instruments” consists of all instruments with strings that are 
twanged by the musicians, i.e. also electric guitar and bass. 
 
Preferred music style 
The answers to the question concerning what style of music the subjects listen to are divided into the two 
categories “classical” and “no classical”, and a third category that includes the other two. The author decided to 
use these categories after studying the answers from the subjects. Subjects that only mentioned the word 
“classical” were categorized in the group classical music. In the category “no classical” all other kinds of 
answers are included, e.g. rock, pop, jazz, folk music, soul, hip-hop, punk and metal.    
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 Musicians Sound engineers Totally 
Participated 17 20 37 
Accepted 16 18 34 
    
Age    
<21 1 0 1 
21-23 6 6 12 
24-26 6 6 12 
27-29 2 3 5 
>29 1 3 4 
    
Instrument (first named)    
Key 9 7 16 
Plucked string 1 5 6 
Stringed 1 0 1 
Vocal 3 1 4 
Woodwind 2 0 2 
Percussion 0 3 3 
None 0 2 2 
    
Preferred music    
Classical 0 0 0 
No classical 7 18 25 
Both 9 0 9 
    
Usual media    
Linear 8 7 15 
Non-linear 1 5 6 
Equally 7 6 13 
    
Live music/month    
<1 2 2 4 
1-2 3 10 13 
3-4 4 4 8 
5-6 4 2 6 
≥7 3 0 3 

Appendix 2 continuing…
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Appendix 3: Figures of the listening room  

The reason for using stage podiums was to create stability in the cableway. 
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Appendix 4: Written instructions given to the subjects before the listening test 

Swedish original information. 
 
Välkommen till mitt lyssningstest!  
Läs igenom det här innan du börjar. 
 
Framför dig har du en dator som styr uppspelningen av ljud samt registrerar de svar du avger. När du inleder 
testet skall datorskärmen se ut enligt följande: 
 

 
 
Om inte detta fönster är öppet kan du prova på att klicka på fliken ”Lyssningstest 2006” längst ner på 
aktivitetsfältet. Om det inte finns en sådan flik, klickar du på ikonen ”Lyssningstest 2006” som finns på 
skrivbordet. Om datorn är avstängd ber jag dig ringa mig. 
 
Det första du skall göra är att fylla i några uppgifter om dig. Notera att du skall använda ett smeknamn för att 
kunna förbli anonym i testet. Därefter startas det första momentet där din uppgift är att beskriva skillnaden 
mellan två olika ljud. Efter det kommer datorn att ge instruktioner om hur testet fortsätter. Om ”linbanan” 
under testet skulle fastna så kan du kontrollera om snören som du drar i, löper i hjulen ovanför dig eller om de 
har hoppat bort från dem. Om det är felet så kan du själv fixa det. I annat fall får du ringa mig  
 
Jag vill ännu poängtera att mitt lyssningstest inte har som uppgift att utvärdera dig som musiker eller 
ljudtekniker. Avsikten är endast att studera hur de olika musikexemplen låter i förhållande till varandra. 
 
Om du under testets gång har frågor så går det bra att ringa mig på telefonnumret som du hittar nedan. Efter 
testet ber jag dig lämna datorn påslagen och detta papper synliga. Om du har några synpunkter om testet så kan 
du skriva det på ett papper som ligger här bredvid och lägga det i mitt fack. Du behöver inte känna dig tvungen 
att kommentera testet men jag tar gärna emot respons för att kunna utveckla mina kommande test.  
 
Ta gärna flera pauser. Det kan du göra när du känner för det! Var snäll och diskutera inte testet med andra. Gå 
heller inte innan eller under testet ut i studion så att du kan se var högtalarna står. Belysningen i rummet är 
dämpat för att högtalarna inte skall vara synliga. Om den vanliga lysrörsbelysningen är påslagen så bör du 
kontakta mig. 
 
Tack för att du ställer upp! 
 
Håkan Ekman 
Tfn. 073-0418199 
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English translation:  
 
Welcome to my listening test!  
Please, read this text before you begin the test. 
 
In front of you is a computer that controls the playing of the sounds and saves the answers you give. When the 
test begins, the display should look as following: 
 
 

 
 
 
If this window is not open, try clicking on the flap ”Listening test 2006” on the activity bar, in the bottom 
corner of the display. If there is no such flap, click on the icon ”Listening test 2006” on the desktop. If the 
computer is off, please call me. 
 
The first thing you should do is enter some personal information about yourself. Please, use a nickname in 
order to remain anonymous in the test. Then the first step, where your task is to describe the difference 
between two sounds, will begin. After that, the computer will instruct you how the test continues. If the 
”cableway” should stop working during the test, please check if the strings that you are controlling the picture 
of the loudspeaker with are correctly positioned in the wheels behind your head. If they are not, you may 
correct the fault. Otherwise please call me. 
 
I would once more like to point out that the aim of the test is not to evaluate you as a musician or sound 
engineer. The aim of the test is only to study how the different music examples sound in relation to each other. 
 
If, during the test, you have a question, please call me on the number found on this paper. After the test, please 
leave the computer on and this paper visible. If you have any thoughts concerning the test, please write them 
down on the paper you may find on the table and return it to my compartment. Please, do not feel that you have 
to comment the test, but I am grateful for all feedback that might help me to develop future tests. 
 
You may take pauses whenever you feel for it. Please, do not discuss the test with others. Do not go behind the 
curtains before or during the test, as it could enable you to see the loudspeaker positions. The lighting in the 
room is reduced in order for the loudspeakers to remain invisible. If the regular fluorescent lamps are switched 
on, please contact me.  
 
Thank you for your participation! 
 
Håkan Ekman 
Phone 073-0418199 

Appendix 4 continuing…
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Appendix 5: Monitor picture of the test interface, first part 

 

 
 
 

You may write one word or a 
shorter phrase on every line. You 
do not have to write something on 
every line if you do not want to. 
Press “Save and continue with the 
test” when you are pleased with 
your answer. 

Difference X: Sound A 
is/has______________ than B 

Test X of 9 
Save and continue with 
the test

Report the most obvious 
differences between the 
music examples 

A     B     Stop    
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Appendix 6: Monitor picture of the test interface, second part 

The information before the second part of the test 
 

 
 
 
Translation: On the following three test pages, your task is to estimate how far away you perceive the 
instruments in the recordings. On every test page there is one instrument recorded on six different distances. 
When you listen to the sounds, you should at the same time, using the strings, move the picture of the 
loudspeaker to a position in the room that corresponds with your perception of the distance to the instrument. 
You may listen to the sound examples as many times as you want. Finally you indicate on the computer 
monitor with the fader belonging to the sound example on what distance you have positioned the picture of the 
loudspeaker. The distance can be read from the scale on the floor. Place the fader on 130, the highest value, if 
you think that an instrument is farther away than the scale markings. Repeat the same procedure for all six 
sound examples on the test page. 
 
Push “Save and continue with the test” when you have indicated the distance for all six sound examples. 
 
 
 
Part 2: Estimation of distance to the audio event 
 

 

What distance do you 
perceive between yourself 
and the instrument? 

Move the marker in the room to the 
distance that you think the sound comes 
from. Then read the decimetre distance 
on which the marker is located off the 
scale on the floor. Finally, indicate the 
decimetre distance here on the screen by 
moving the corresponding fader until the 
number on the left side of the fader 
corresponds with the number on the 
floor.

Play 
 
Stop 

Test X of 9 
 
Press here to read the 
information again 
 
Save and continue with the test 
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Appendix 7: Monitor picture of the test interface, third part and the end of the test 

Note before the third part 
 

 
 
Translation: Please observe that you are now asked to estimate something else, read the text in the upper part 
of the monitor. 
 

Part 3: Rating of preferred distance 

 
 
After the test 
 

 

Which distance do you like 

Listen to the six music examples and think 
about what distance you perceive between 
yourself and the instrument. Which distance do 
you think gives the best instrument sound? You 
give your answers by moving the faders. If you 
place a fader at a high position it means that 
you like the distance in the music example in 
point. If you place a fader at a low position, you 
do not like the distance. 

I like the distance a 
lot 
 
Neutral 
 
I do not like the 
distance at all 

Play 
 
Stop 

Test X of 9 
 
Save and continue with the test 

Translation: The test is now finished. All 
data will be treated with statistical methods 
and no individual answers will be presented 
in the essay. Please leave the computer and 
the test program on. Thank you for your 
participation! The test interface is written by 
Ronny Andersson. 
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Appendix 8: Categorization in the first part of the test 

 
 Clap  Trumpet  Vocal  
 M T M T M T 
Distance 63 % (10) 83 % (15) 75 % (12) 94 % (17) 75 % (12) 94 % (17) 
Various 50 % (8) 44 % (8) 38 % (6) 44 % (8) 56 % (9) 39 % (7) 
Reverb 25 % (4) 28 % (5) 19 % (3) 44 % (8) 33 % (6) 44 % (8) 
Intensity 13 % (2) 44 % (8) 31 % (5) 44 % (8) 25 % (4) 50 % (9) 
Spectral balance 19 % (3) 17 % (3) 6 % (1) 17 % (3) 0 % (0) 6 % (1) 
Preference 0 % (0) 0 % (0) 13 % (2) 11 % (2) 13 % (2) 6 % (1) 
Hall 0 % (0) 0 % (0) 6 % (1) 6 % (1) 13 % (2) 11 % (2) 
Localization 6 % (1) 6 % (1) 0 % (0) 0 % (0) 6 % (1) 6 % (1) 
Stereo width 6 % (1) 0 % (0) 0 % (0) 0 % (0) 0 % (0) 11 % (2) 
Realistic 6 % (1) 0 % (0) 0 % (0) 0 % (0) 0 % (0) 0 % (0) 
TOTAL 1.9 (30) 2.2 (40) 1.9 (30) 2.6 (47) 2.3 (36) 2.7 (48) 

Table 15: Categorization of data in the first part of the test. All instruments are presented separately. 
The percentage shows how many of the subjects reported differences categorized in each category. 
The last row shows how many answers every subject in average gave for each instrument.  The 
numbers in parenthesis show the absolute number of answers. Bold numbers indicate which group 
(in relation to the number of subject in each group) has given the most answers for each instrument 
and attribute. M=musicians, T=sound engineers. 

Group Various 
 
Following nouns, adjectives and phrases used to describe the differences between the stimuli were categorized 
in the group “various”. 
 
 

Directivity Piercing 

Background noise Transients 

Instrument noise Three-dimensionality 

Distinction Self-assertive 

Clarity Presence 

Angle of incidence Dynamic 

Lonely  Feeling of being in a bathroom 

Focus Intonation 

Diffuse Sacral 

Easiness to hear  Soft 

Presence in the same room Rough 

Number of instruments Uniform 

Clear text Overall feeling in the example 

Air  
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Appendix 9: Distribution analyses 

         
   Microphone distance (m)         
    0.5 1 2 3 4 8   
         
M_Clap Shapiro-Wilks 0.96 0.95 0.96 0.92 0.92 0.63  
 p-value 0.69 0.53 0.72 0.18 0.19 0.00  
         
 Skewness 0.37 0.04 0.17 1.15 1.20 2.74  
 p-value 0.71 0.97 0.86 0.25 0.23 0.01  
         
 Kurtosis -0.58 0.04 -0.19 0.42 0.93 3.48  
 p-value 0.56 0.96 0.85 0.67 0.35 0.00  
                  
         
M_Trumpet Shapiro-Wilks 0.93 0.90 0.94 0.94 0.92 0.78  
    p-value 0.26 0.09 0.36 0.30 0.17 0.00  
         
 Skewness 0.39 1.02 0.11 0.38 0.41 1.51  
 p-value 0.70 0.31 0.92 0.71 0.68 0.13  
         
 Kurtosis -1.00 -0.07 -1.31 -1.40 -1.62 0.65  
 p-value 0.32 0.94 0.19 0.16 0.10 0.51  
                  
         
M_Vocal Shapiro-Wilks 0.93 0.93 0.98 0.96 0.95 0.84  
 p-value 0.27 0.25 0.91 0.58 0.52 0.01  
         
 Skewness 0.61 0.54 0.23 0.53 0.31 1.10  
 p-value 0.55 0.59 0.82 0.60 0.75 0.27  
         
 Kurtosis 0.00 -0.80 -0.22 -0.44 -0.84 -0.47  
 p-value 1.00 0.42 0.82 0.66 0.40 0.64  
                  
         
T_Clap Shapiro-Wilks 0.92 0.94 0.96 0.92 0.91 0.60  
 p-value 0.11 0.30 0.65 0.12 0.09 0.00  
         
 Skewness 1.30 1.16 0.04 0.70 1.05 2.16  
 p-value 0.19 0.24 0.97 0.48 0.29 0.03  
         
 Kurtosis 0.89 1.35 -0.45 -0.77 -0.03 1.63  
 p-value 0.37 0.18 0.65 0.44 0.98 0.10  
                  
         
T_Trumpet Shapiro-Wilks 0.95 0.92 0.94 0.96 0.95 0.74  
 p-value 0.50 0.13 0.31 0.67 0.40 0.00  
         
 Skewness 0.49 0.94 0.65 0.29 0.22 2.04  
 p-value 0.63 0.35 0.51 0.77 0.83 0.04  
         
 Kurtosis -0.77 -0.29 0.23 -0.05 -1.13 2.01  
 p-value 0.44 0.77 0.82 0.96 0.26 0.04  
                  
         
T_Vocal Shapiro-Wilks 0.97 0.92 0.93 0.88 0.90 0.73  
 p-value 0.72 0.11 0.23 0.03 0.05 0.00  
         
 Skewness 0.25 0.78 0.57 0.94 0.77 1.69  
 p-value 0.80 0.44 0.57 0.35 0.44 0.09  
         
 Kurtosis -0.83 -1.08 -0.79 -0.88 -1.18 0.87  
 p-value 0.41 0.28 0.43 0.38 0.24 0.39  
                  

Table 16: Estimation of distances, all data. (bold numbers indicate non-normal distributed data, 
p<0.10) M=musicians T=sound engineers  
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   Microphone distance (m)         
    0.5 1 2 3 4 8   
         
M_Clap Shapiro-Wilks 0.96 0.95 0.96 0.94 0.95 0.74  
 p-value 0.69 0.53 0.72 0.33 0.46 0.00  
         
 Skewness 0.37 0.04 0.17 0.88 0.52 1.38  
 p-value 0.71 0.97 0.86 0.38 0.60 0.17  
         
 Kurtosis -0.58 0.04 -0.19 0.00 -0.54 0.06  
 p-value 0.56 0.96 0.85 1.00 0.59 0.95  
                  
         
M_Trumpet Shapiro-Wilks 0.93 0.91 0.94 0.94 0.92 0.78  
    p-value 0.26 0.13 0.36 0.30 0.17 0.00  
         
 Skewness 0.39 0.92 0.11 0.38 0.41 1.25  
 p-value 0.70 0.36 0.92 0.71 0.68 0.21  
         
 Kurtosis -1.00 -0.11 -1.31 -1.40 -1.62 -0.03  
 p-value 0.32 0.91 0.19 0.16 0.10 0.97  
                  
         
M_Vocal Shapiro-Wilks 0.93 0.93 0.98 0.96 0.95 0.84  
 p-value 0.27 0.25 0.91 0.58 0.52 0.01  
         
 Skewness 0.61 0.54 0.23 0.53 0.31 1.10  
 p-value 0.55 0.59 0.82 0.60 0.75 0.27  
         
 Kurtosis 0.00 -0.80 -0.22 -0.44 -0.84 -0.47  
 p-value 1.00 0.42 0.82 0.66 0.40 0.64  
                  
         
T_Clap Shapiro-Wilks 0.96 0.95 0.96 0.94 0.95 0.74  
 p-value 0.69 0.53 0.72 0.33 0.46 0.00  
         
 Skewness 0.37 0.04 0.17 0.88 0.52 1.38  
 p-value 0.71 0.97 0.86 0.38 0.60 0.17  
         
 Kurtosis -0.58 0.04 -0.19 0.00 -0.54 0.06  
 p-value 0.56 0.96 0.85 1.00 0.59 0.95  
                  
         
T_Trumpet Shapiro-Wilks 0.95 0.92 0.94 0.96 0.95 0.74  
 p-value 0.44 0.13 0.31 0.67 0.40 0.00  
         
 Skewness 0.34 0.94 0.65 0.29 0.22 1.66  
 p-value 0.73 0.35 0.51 0.77 0.83 0.10  
         
 Kurtosis -0.94 -0.29 0.23 -0.05 -1.13 0.98  
 p-value 0.35 0.77 0.82 0.96 0.26 0.33  
                  
         
T_Vocal Shapiro-Wilks 0.97 0.90 0.92 0.86 0.90 0.71  
 p-value 0.72 0.08 0.13 0.01 0.05 0.00  
         
 Skewness 0.25 0.75 0.36 0.82 0.77 1.69  
 p-value 0.80 0.45 0.72 0.41 0.44 0.09  
         
 Kurtosis -0.83 -1.15 -1.37 -1.62 -1.18 0.91  
 p-value 0.41 0.25 0.17 0.11 0.24 0.36  
                  

Table 17: Estimation of distances, selected data. (bold numbers indicate non-normal distributed 
data, p<0.10)  M=musicians T=sound engineers 

Appendix 9 continuing…
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   Microphone distance (m)         
    0.5 1 2 3 4 8   
         
M_Clap Shapiro-Wilks 0.86 0.89 0.94 0.94 0.86 0.90  
 p-value 0.02 0.07 0.34 0.32 0.02 0.07  
         
 Skewness 0.01 0.60 0.43 0.48 0.90 1.07  
 p-value 0.99 0.55 0.67 0.63 0.37 0.28  
         
 Kurtosis -3.02 -1.66 -1.32 -1.17 -1.10 0.16  
 p-value 0.00 0.10 0.19 0.24 0.27 0.87  
                  
         
M_Trumpet Shapiro-Wilks 0.92 0.96 0.93 0.87 0.95 0.84  
    p-value 0.16 0.64 0.25 0.02 0.44 0.01  
         
 Skewness 0.81 0.12 0.65 1.29 0.55 1.01  
 p-value 0.42 0.90 0.51 0.20 0.58 0.31  
         
 Kurtosis -0.79 -1.04 -0.75 0.65 -0.72 -1.07  
 p-value 0.43 0.30 0.45 0.52 0.47 0.28  
                  
         
M_Vocal Shapiro-Wilks 0.88 0.86 0.95 0.93 0.88 0.80  
 p-value 0.03 0.02 0.46 0.28 0.04 0.00  
         
 Skewness 1.01 0.73 0.84 0.05 0.31 1.24  
 p-value 0.31 0.46 0.40 0.96 0.76 0.22  
         
 Kurtosis -0.60 -1.76 -0.01 -1.43 -2.46 -0.60  
 p-value 0.55 0.08 0.99 0.15 0.01 0.55  
                  
         
T_Clap Shapiro-Wilks 0.89 0.94 0.91 0.91 0.94 0.68  
 p-value 0.04 0.25 0.09 0.09 0.29 0.00  
         
 Skewness 1.27 0.40 0.16 1.12 0.84 2.85  
 p-value 0.20 0.69 0.88 0.26 0.40 0.00  
         
 Kurtosis 0.23 -1.54 -1.54 -0.06 -0.30 3.65  
 p-value 0.82 0.12 0.12 0.95 0.77 0.00  
                  
         
T_Trumpet Shapiro-Wilks 0.95 0.91 0.92 0.97 0.93 0.83  
 p-value 0.36 0.10 0.12 0.77 0.20 0.00  
         
 Skewness 0.19 0.99 0.41 0.40 0.83 1.89  
 p-value 0.85 0.32 0.68 0.69 0.41 0.06  
         
 Kurtosis -1.65 0.03 -1.73 -0.74 -0.55 1.83  
 p-value 0.10 0.98 0.08 0.46 0.58 0.07  
                  
         
T_Vocal Shapiro-Wilks 0.91 0.93 0.96 0.87 0.89 0.81  
 p-value 0.09 0.17 0.54 0.01 0.03 0.00  
         
 Skewness 0.39 1.03 0.22 1.33 1.60 1.46  
 p-value 0.69 0.30 0.83 0.18 0.11 0.15  
         
 Kurtosis -1.39 -0.05 -1.20 0.37 1.54 0.60  
 p-value 0.17 0.96 0.23 0.71 0.12 0.55  
                  

Table 18: Grading of preferable distances (bold numbers indicate non-normal distributed data, p<0.10) 
M=musicians T=sound engineers 

Appendix 9 continuing…
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Appendix 10: Variance check: Estimation of distances 

Selected data (bold text indicates non equal variance p<0.10) 

 C-value p-value 
M_Clap_0.5  -  T_Clap_0.5 0.654 0.221 
M_Clap_1  -  T_Clap_1 0.725 0.065 
M_Clap_2  -  T_Clap_2 0.729 0.056 
M_Clap_3  -  T_Clap_3 0.518 0.892 
M_Clap_4  -  T_Clap_4 0.527 0.837 
M_Clap_8  -  T_Clap_8 0.876 0.001 
   
M_Trumpet_0.5  -  T_Trumpet_0.5 0.646 0.247 
M_Trumpet_1  -  T_Trumpet_1 0.679 0.152 
M_Trumpet_2  -  T_Trumpet_2 0.759 0.028 
M_Trumpet_3  -  T_Trumpet_3 0.733 0.052 
M_Trumpet_4  -  T_Trumpet_4 0.669 0.170 
M_Trumpet_8  -  T_Trumpet_8 0.682 0.157 
   
M_Vocal_0.5  -  T_Vocal_0.5 0.574 0.557 
M_Vocal_1  -  T_Vocal_1 0.615 0.366 
M_Vocal_2  -  T_Vocal_2 0.541 0.752 
M_Vocal_3  -  T_Vocal_3 0.539 0.760 
M_Vocal_4  -  T_Vocal_4 0.530 0.813 
M_Vocal_8  -  T_Vocal_8 0.591 0.479 
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Appendix 11: Distance estimation in relation to microphone distance, ANOVA 
graphs 

Interactions and 95,0 Percent Tukey HSD Intervals
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Figure 14: Interaction between the main effects of microphone distance and group belonging, all 
instruments. M=musicians (blue line) T=sound engineers (red line) 

 
 

Interactions and 95,0 Percent Tukey HSD Intervals
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Figure 15: Interaction between the main effects of microphone distance and group belonging, only 
clap. M=musicians (blue line) T=sound engineers (red line) 
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Interactions and 95,0 Percent Tukey HSD Intervals

Mic distance (m)

Es
tim

at
io

n 
(m

)
Group

M
T

0

3

6

9

12

15

0,5 1 2 3 4 8

 

Figure 16: Interaction between the main effects of microphone distance and group belonging, only 
trumpet. M=musicians (blue line) T=sound engineers (red line) 

 

Interactions and 95,0 Percent Tukey HSD Intervals
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Figure 17: Interaction between the main effects of microphone distance and group belonging, only 
vocal. M=musicians (blue line) T=sound engineers (red line) 
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Means and 95,0 Percent Tukey HSD Intervals
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Figure 18: Distance estimation, both groups, only clap. The circles indicate no significant 
differences between the distances. 

Means and 95,0 Percent Tukey HSD Intervals
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Figure 19: Distance estimation, both groups, only trumpet. The circles indicate no significant 
differences between the distances. 
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Means and 95,0 Percent Tukey HSD Intervals
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Figure 20: Distance estimation, both groups, only vocal. The circles indicate no significant 
differences between the distances. 
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Appendix 12: Box-and-Whisker Plots for preference rating 

The preference ratings were analysed by means of the Kruskal-Wallis test. These figures show between which 
levels there are significant differences (p<0.05). If the median notches for two levels do not overlap each other, 
there is a significant difference between the levels. The same result is presented in Table 4 through Table 11. 
 
The X-labels indicates which group of subjects (M=musicians, T=sound engineers) and which microphone 
distance that is studied. For every graph, the value of test statistics and p-value is shown. 
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Test statistics = 46.79 
 p<0.001 
 

Box-and-Whisker Plot
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Test statistics = 105.37 
p<0.001 
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Box-and-Whisker Plot
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Test statistics = 25.68 
p<0.001 
 

Box-and-Whisker Plot
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Test statistics = 50.52 
p<0.001 
 

Box-and-Whisker Plot
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Test statistics = 23.03 
p<0.001 
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Box-and-Whisker Plot
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Test statistics = 26.64 
p<0.001 
 

Box-and-Whisker Plot
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Test statistics = 18.53 
p<0.003 
 

Box-and-Whisker Plot
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Test statistics = 40.81 
p<0.001 
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