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Summary 
 
Since the beginning of stereophonic sound reproduction in the nineteen fifties, the concerns about the importance 
of an acoustically well designed control room has increased. Typically for the quality of a well designed control 
room is the fact that the listener has to be able to listen critically to a certain recording. Therefore the interaction 
between psychoacoustical, roomacoustical and electroacoustical issues is very important. In this document the 
different approaches are extensively considered, whereby the roomacoustical aspects are emphasised.  
 
To obtain a good insight about what really is important in order to be able to listen critically this thesis starts 
with a consideration of the human hearing system. Besides explaining how the ear works, also our perception of 
the acoustical environment is described whereby the control room related issues are emphasised.   
Subsequently the room acoustics is discussed. Much attention will be paid to the problems regarding the 
geometry of a control room. Here the low frequency sound energy plays a key role. Furthermore an elementary 
description is presented of possible material applications in a control room.  
Finally the electroacoustical design of the control room is considered. Therefore attention has been paid to the 
placement of the loudspeakers relative to the critical listening position.  
 
Based on this theoretical background several design philosophies evolved over the years. The most important 
philosophies which have been published since 1960 are extensively described and analysed.  
 
Finally measurements in several Dutch control rooms were performed which have been designed by well known 
Dutch designers. The control rooms under test were measured extensively with microphone positions placed on a 
grid consisting of 15 measurement positions. Based on these measurements several important room acoustical 
parameters were computed such as the interaural cross correlation IACC, and the reverberation time T30.  
 
The IACC calculations revealed that there are three important stages as a result of the interaural time and 
intensity differences. In the lower frequencies the IACC is approximately 0.95 and in the higher frequencies the 
IACC is approximately 0.50. In between a transition zone can be observed. Furthermore the calculations 
revealed that the contribution of late energy, i.e. after 80 ms, to the IACC is insignificant.  
 
The results of the reverberation time measurements revealed that in the lower frequencies all control rooms 
under test met the generally used recommendations by the ITU and EBU. In the higher frequencies the control 
rooms did not all meet these criteria. It seems that this is volume dependent.  
 
Moreover the measurements have been compared to the Bonello criterion. In order to make an attempt to qualify 
the acoustical quality of a control room objectively, the rms-values of the frequency response are calculated in 
1/3-octave bands. According to two methods single number indications (SNI) have been computed to qualify the 
control room. Although the methods are quite rough calculations, the results agree well with the criteria as 
proposed by Bonello.  
 
 
In Dutch: 
 
Sinds de opkomst van de stereofonische geluidreproductie in het begin van de jaren vijftig is de realisering van 
het belang van akoestisch goed ontworpen controle ruimte toegenomen. Kenmerkend voor de kwaliteit van een 
goede controle ruimte is dat de luisteraar in staat moet zijn om uiterst kritisch naar een opname te kunnen 
luisteren. Daartoe is het samenspel tussen psycho akoestische, ruimte akoestische en elektro akoestische 
factoren van groot belang. In dit verslag worden deze verschillende invalshoeken uitvoerig beschouwd waarbij 
de nadruk ligt bij de ruimte akoestische aandachtspunten. 
 
Om een goed inzicht te krijgen in wat nu precies belangrijke aandachtsgebieden zijn voor het kritisch kunnen 
luisteren wordt allereerst een beschouwing van het menselijk oor gegeven. Naast het beschrijven hoe wij horen, 
wordt beschreven hoe wij geluid waarnemen en wat hierin belangrijk is voor een controle ruimte. 
Vervolgens wordt ten aanzien van de ruimte akoestiek van een controle ruimte uitvoerig de problematiek omtrent 
de geometrie van de ruimte behandeld. Met name het laagfrequente geluid speelt hierin een sleutelrol. 
Daarnaast wordt een basale beschrijving gegeven van mogelijke materiaaltoepassingen voor een controle 
ruimte. 
Tot slot wordt ook het elektro akoestisch ontwerp van de controle ruimte beschouwd. Met name de plaatsing van 
de luidsprekers ten opzichte van de kritische luisterpositie speelt hierin een belangrijke rol.  
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Gebaseerd op deze theoretische achtergronden zijn in de loop der jaren verschillende ontwerpfilosofieën 
ontwikkeld. De belangrijkste filosofieën welke sinds 1960 zijn gepubliceerd worden uitvoerig beschreven.  
 
Tot slot zijn er metingen uitgevoerd in diverse Nederlandse controle ruimten welke door vooraanstaande 
Nederlandse ontwerpers zijn ontworpen. De controle ruimten zijn uitvoerig gemeten volgens een grid bestaande 
uit 15 meetposities. Aan de hand van deze metingen zijn diverse belangrijke akoestische parameters 
geanalyseerd zoals de interaurale kruis correlatie, IACC en de nagalmtijd, T30.  
 
Uit de IACC berekeningen bleek dat er drie fasen onderscheidden kunnen worden als gevolg van de interaurale 
tijd en intensiteits verschillen. Laag frequent is de IACC ongeveer 0,95 en hoog frequent ongeveer 0,50. 
Hiertussen is valt nog een transitie zone te onderscheiden. Daarnaast is uit de berekeningen gebleken dat de 
bijdrage van de late energie, dat wil zeggen de energie na 80 ms, ten aanzien van de bepaling van de IACC 
onbelangrijk is.  
 
Uit de  resultaten van de nagalm metingen bleek dat laag frequent alle gemeten controle ruimten voldoen aan de 
door ITU en EBU gestelde streefwaarden ten aanzien van de nagalmtijden. Hoog frequent voldoen niet alle 
controle ruimten aan de gestelde streefwaarden. Dit lijkt vooral van het volume van de ruimte afhankelijk te zijn. 
 
Bovendien zijn de metingen aan het Bonello criterium getoetst. Om een aanzet te geven tot het objectief vast 
stellen van de akoestische kwaliteit van een controle ruimte zijn de rms-waarden van de frequentieresponsie in 
1/3-octaaf banden berekend. Volgens twee methoden zijn eengetalsaanduidingen (SNI) berekend om de ruimten 
te kwalificeren. De resultaten van de berekeningen komen goed overeen met de criteria zoals gesteld door 
Bonello.  
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0. Introduction 
 
Two years ago, September 2000, I started a project at the acoustics laboratory of the Eindhoven University of 
Technology. The aim of the project was to design a studio which could be used as a laboratory for multisensory 
research at the center for user-system interaction.  
 
During the project I noticed the relevance of some acoustical issues, but more important, I noticed that there was 
not really a fundamentally scientific approach to the design of a studio or control room. In the past there has been 
research to aspects which are also applied in the designs of studios, e.g. room dimensions, localisation etc., but 
this has never been done in the context of an integral approach to a critical listening environment.  
 
Besides missing the theoretical scientific principles of the design of control rooms and studios it also appeared to 
me that not too many measurements had been performed in these acoustical environments. Many rooms are built 
with a certain philosophy of the designer, in some cases combined with some ideas of the user, and if both are 
satisfied with the result, the project is finished and will be qualified as successful. This lack of a scientifically 
based approach resulted in the starting point of the graduation project. 
 
Primarily the aim of the project was to survey the design concepts of control rooms. Here the main interest was 
to find out what issues are really important in the design and how the design concepts of the control rooms have 
evolved over the years. 
Besides an extensive literature study also acoustical measurements have been performed in order to make a start 
with defining the quality of a control room objectively by measurements. Indeed, the control rooms were 
subjectively all qualified as good, while they differ in their concepts.   
 
In the preceding both terms, control room and studio, are used. Essentially these type of rooms are not the same. 
To distinguish both rooms, in this report the definitions presented by d’Antonio [1] are used. The essence of the 
distinction between control rooms and studios is the usage of the room. A studio is referred to as a production 
room in which, e.g., the music is played. In these rooms the acoustics contribute to the character of the sound.  
On the other hand the control rooms are referred to as the reproduction rooms. Here the acoustics provide a 
neutral environment to listen to pre-recorded information. This project focussed on the reproduction or control 
rooms. 

0.1. Structure of the thesis 
 
In the first chapter general issues regarding the human hearing system are discussed. Although it seems more 
related to biological or psychoacoustics rather than architectural acoustics, it is very important to understand 
these phenomena to a great extent. In many cases issues which are discussed in this chapter are fundaments, the 
bases for design decisions, although we are not always aware of it. When we know the reason why some 
decisions are made, we are able to protect ourselves against mistakes in the design and can save the customer’s 
money. Moreover, by knowing the adjacent ideas we are able to optimise some commonly used solutions. 
 
In the subsequent chapter the architectural considerations regarding the design of control rooms are discussed. 
There are no standards in which aspects of a control room design are placed on a record. However some large 
European broadcasting corporations like the EBU and ITU have made recommendations regarding the design of 
a control room. The chapter starts with an overview of the existing recommendations and their main. 
  
Due to very stringent perceptual requirements, especially in critical environments like control rooms, there are 
typical acoustical solutions. Therefore in the subsequent part of  the chapter the most important physics and 
architectural principles are discussed such as room geometry, absorption and reflection. The design of a control 
room is a process of optimisation between loudspeakers, room and listener. To optimise the design of a control 
room, it is also important to be aware of the loudspeakers and their interaction with the room. Although this 
tends to be more a topic of electroacoustics, some important considerations regarding the loudspeakers in the 
control room are also presented in this chapter.  
 
Chapter three starts with a brief historical overview of the development of the control room. During the years the 
way of reproducing sound has evolved from monophonic control rooms to control rooms suited for stereo 
reproduction and in the last decennium surround sound has become more popular. 
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In the past, several authors have presented general approaches for the design of a control room. These concepts 
are still applied by designers all over the world. Although these concepts are not the golden solutions for a 
control room design, they all have proven there quality, despite the enormous contradictions between them. In 
the subsequent part of chapter three the most important philosophies are discussed in greater detail. 
 
The latter part of the graduation project, acoustical measurements were performed in six control rooms. Three of 
them were designed by Ben Kok, three of them by Alex Balster. Both are well-known Dutch designers with an 
almost contradictory philosophy. The designs of the former rooms are based on controlling the reflections, the 
latter one’s are based on suppression of the reflections. This results in a completely different layout of the plan of 
a control room. A profound description of their philosophy is given in chapter four of this thesis.  
Furthermore in this chapter the measurement results are discussed. The measurements have been performed by 
placing the microphones at 15 different positions according to a 5x3 matrix in every control room. This resulted 
in an overflow of data which could be extracted from the impulse responses. Only the most relevant parameters 
regarding this thesis are discussed such as the interaural cross correlation IACC and the reverberation time T30. 
Besides evaluating the regular parameters, also the so called Bonello criterion is applied to the in situ 
measurements in order to find out to what extent this can be a starting point for qualifying the acoustical quality 
of a control room objectively.  
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1. Human hearing system 
 

1.1. Introduction 
 
Although it seems to be a more biological than physical matter, the perception of sound needs to be understood 
to a great extent in order to form and understand the theory of important issues and decisions to be made during 
the design process of  a control room. A lot has been written about the way the ear works, how we perceive 
sound and what psychoacoustical issues are important in our perception of a certain sensation. This chapter will 
give a brief summary of the most important issues. In the first paragraph the anatomy of the human ear is 
presented. Thereafter the perception of the ear will be discussed.  
 

1.2. The anatomy of the human ear 
 
The human ear can be divided in three different parts, each with their own characteristics and functions. First the 
sound will be received by the outer ear. Hereafter the sound is directed to the middle ear. After impedance 
adjustments are made by the ossicles, the sound is directed to the inner ear where it is transduced into neural 
signals. The figure below presents the anatomy of the human ear.  
 

  

Figure 1 : Overview of the outer, middle and inner ear. [From: Durrant and Lovrinic, 1995] 
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1.2.1. Outer ear 
 
The outer ear consists of the pinna, the ear canal and the eardrum (tympanic membrane). The primary function of 
the pinna is the reception of sound. As the sound is received by the pinna it is collected frequency dependent and 
directed to the ear canal. This also results in a amplification of the received sound [3].  
For a long time it was assumed that the only function of the pinna was to collect sound and direct it to the ear 
canal. Research showed that the pinna is also very important for the localisation of a sound source [1]. Especially 
our perception of the elevation of a sound source is determined by the spectral filtering of the pinna. This is more 
elaborated in paragraph 1.3.1.2.  
 
After receiving the sound by the pinna it is directed to the ear canal. The ear canal as a resonance system also 
amplifies the sound. Here the amplification is very effective since the air pressure can build up at the tympanic 
membrane. The strongest amplification occurs for a frequency for which the wavelength is equal to one fourth of 
the ear-canal length, typically 3.5 kHz. Besides the ear canal also has a protectoral function, e.g. per epithelium 
covered with cilia [3].  After passing through the ear canal, the sound arrives at the eardrum. Here the sound is 
transmitted to the middle ear.  
 

1.2.2. Middle ear 
 
The middle ear consists of the ossicles: malleus, incus and the stapes, which is the smallest bone in our body. 
The middle ear is connected to the inner ear by the oval window and the round window. For the relaxation of 
high pressure in the ear the middle ear is also connected to the nose by the Eustachian tube.  
 

 

Figure 2: Middle- and inner ear [From: Warren, 1999] 

 
Like the outer ear, the middle ear also has a protectoral function. The middle ear has to protect against too high 
sound pressure levels. Therefore the ossicles are fixed to the rest of the skull by small muscles. Dependent on the 
sound pressure level these muscles will contract more or less and fix when the pressures get too high [3].  
 
Another characteristic of the middle ear is that the sound is amplified by an impedance adjustment. This can be 
explained as follows. The cochlea is filled with a liquid with a much larger impedance relative to the air in the 
ear canal. When the cochlea was connected directly to the eardrum, there would be a large impedance difference. 
This typically leads to reflection of the incoming sound at the eardrum. By adjusting the impedance difference 
between the two media the amount of reflected energy can be reduced, so the amount of energy transmitted to 
the cochlea will be increased.  
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The mechanism which adjusts the impedance difference between the ear canal and the cochlea is presented in 
Figure 3. As can be seen in the figure, on the one hand the impedance adjustment is due to the proportion 
between the area of the eardrum and the oval window, i.e. this proportion is 18.6 : 1. On the other hand the 
proportion of the distance from the eardrum to the centre of gravity of the malleus and from this centre of gravity 
to the oval window plays is important. This has a proportion of 1.3 : 1. Both the mechanisms result in a factor 24 
of amplitude gain or 576 in intensity which agrees with a 28 dB amplification [3]. 
 

 

Figure 3 : Schematic overview of the impedance adjustment mechanism in the middle ear. [From: 
Durrant and Lovrinic, 1995] 

1.2.3. Inner ear 
 
The inner ear, also presented in Figure 2, consists of the cochlea where the basilar membrane comprises hair 
cells which are connected to the auditory nerve. 
When a certain sound pressure strikes the eardrum, it is transduced into vibrations, The middle ear ossicles 
transmit these vibrations to the cochlea. At the oval window, the stapes drives the fluid in the cochlea and 
produces a travelling wave along the basilar membrane. On the cochlea sensory receptors are located which 
transform the fluid vibration into a neural code.  
The basilar membrane is very flexible and operates as a spectral filter. Every location on the membrane can 
move more or less independently and has its maximum sensitivity for a certain frequency. The further away from 
the oval window, the lower the frequency the basilar membrane is sensitive to.  
 
 

 

Figure 4 : Envelope of the travelling wave on the basilar membrane.  The further away from the stapes, 
the lower the filtering frequency. [From: Békésy, 1960] 

 
 



 Human hearing system Chapter 1 

 14 

1.3. Perception of sound 
 
The field of small room acoustics, especially the design of critical listening environments, is very closely related 
to the psychoacoustic research field. Many of the decisions made to achieve the proper acoustic solution for a 
certain problem are directly derived from our perceptual experiences. This paragraph will therefore discuss the 
perceptual issues which are important in the acoustical design of a critical listening environment. 
 

1.3.1. Sound localisation 
 
When we are listening to a concert and e.g. the violins are seated halfway left the stage, it is important that we 
also perceive the violins acoustically coming from that direction. This process of correctly perceiving the 
auditory event is called sound localisation. Especially while reproducing a recording in a control room it is 
important that the recording can be reproduced as precise as possible, in other words the localisation has to be 
good. By knowing how localisation works and how it can be disturbed, expensive errors in the design process 
can be avoided. 
 
There are several important factors regarding the localisation of a sound source. Primarily the interaural time 
differences (ITD) and interaural intensity differences (IID) give us cues of the direction of the source. This 
process is described with the duplex theory. We also localise a sound source by binaural frequency analysis as a 
consequence of our two ears and the movement of our head. Furthermore directional cues, i.e. the elevation of a 
source, are given by the pinna. In the next sections these factors will be explained in more detail.  
 
1.3.1.1. Duplex theory 
 
According to the duplex theory the localisation of a sound source is primarily determined by the time and level 
differences between the ears due to the shape of our head and torso.   
At frequencies with a wavelength shorter than the diameter of the head, that is approximately at frequencies 
above 2 kHz1, the sound will be reflected by the head. In other words, the head will shadow the sound source for 
one ear with respect to the other. The result is that at high frequencies, thus above 2 kHz, the sound source will 
primarily be localised by interaural intensity differences between the ears.  

 

d1=r sinq

d2=rq

q

q

q

DISTANT SOURCE

 

Figure 5 : Due to path differences there occur inter aural time differences. [After: Warren, 1999] 

 
Because of the shape of our head a soundwave will bent around our head. This results in path differences 
between both ears (see Figure 5) which are perceived as interaural time differences. Interaural time differences 
are the dominant localisation cue at frequencies below say 1.5 to 2 kHz, because here the neural system does also 
code the phase of the signal and the maximum path difference between right and left ears is smaller than half a 
period of the sound signal. Above 2 kHz the path difference is longer than half a period whereby the phase 
coding becomes ambiguous.  
 

                                                           
1 This frequency depends on the size of the head. Moreover it has to be noted that this actually is a transition zone from say 
1.5 to 2 kHz. 
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1.3.1.2. Pinna reflections 
 
When a sound source is placed on the median plane in front of a person, the ITD, IID and phase differences as a 
consequence of the path difference between the ears are equal. When the sound source is placed behind the 
person on the median plane, the ITD, IID and phase differences are also equal. Nevertheless, we are able to 
localise the sound source if it is in front or behind us. Thus besides the ITD’s and IID’s there has to be other cues 
for the localisation of a sound source.  
 
In this respect, it appeared that the shape of the pinna plays a crucial role. As been told in the previous 
paragraph, it was first assumed that the only function of the pinna was to collect the sound and direct it into the 
ear canal, the pinna appeared to be quite important regarding the localisation of sound.  
The surface morphology of the pinna has two important characteristics: it consists of small reflecting surfaces 
and it is asymmetrical. Thus every change of the angle of the incoming sound will lead to a change in delays and 
thus in a different reflection pattern of the incoming signal [1]. The figure below clarifies this graphically. 
 

 

Figure 6: Drawings of the pinna, showing the path differences of the first reflection from a sound source 
with a different elevation. [From: Puddie Rodgers, 1981] 

 
Because of the angle dependent reflection pattern, the pinna actually works as a spectral filter. As can be noticed 
from the figure, the higher a source will be placed, the shorter travel difference between the direct and reflected 
sound will be, and so the time delay between the two signals. This results in a higher first spectral minimum 
when a sound source is placed higher.  
 
Figure 7 presents a pinna response of a sound source with an azimuth of 180° located below ear level. On the 
horizontal axis the frequency is plotted linear in kHz, on the vertical axis the intensity is plotted from –70 to 30 
dB. As the figure reveals, the pinna introduces comb filtering (See paragraph 1.3.2.1). But more important is that 
it reveals that above the first minimum the level is approximately 10 dB attenuated. This implies that the pinna 
actually works as a low pass filter for sound coming from the back of our head [5].  

 

Figure 7: Pinna response for a sound source positioned at 180°°°° azimuth and below ear level. [From: 
Puddie Rodgers, 1981] 
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1.3.1.3. Head movements 
 
A third factor which helps us to localise a sound source is the movement of our head. This process is best 
explained by using the analogy of how birds can see depth. Birds have their eyes on the side of their heads. 
Therefore the image they see with both eyes doesn’t match. To be able to see depth, the eye constantly takes 
screenshots. The difference between the screenshots gives the bird a cue about distance and position in its 
environment.  
 
By humans this mechanism is applied in the ear. When the head is in a certain position there are cues, i.e. the 
ITDs and IIDs, which characterise that position. When moving the head there is a new set of cues given. By 
comparing these with the preceding cues, we are able to determine where a certain sound is coming from.  
 

1.3.2. Coloration 
 
When the spectral shape of a certain sound signal changes this is perceived as coloration of the sound. This 
results in an accentuation of particular frequencies in speech or music so that certain notes or vowel sounds 
assume unnatural prominence [12].  The spectral shape can be influenced by reflections or interference of two or 
more signals. This is called comb filtering. In acoustics there are lots of examples which can introduce coloration 
such as room modes, speaker boundary interference, misalignment of loudspeakers and pinna reflections. 
 
1.3.2.1. Comb filtering   
 
The result of adding two or more identical signals with a certain time delay, viewed in the frequency domain is 
known as comb filtering. An idealised drawing is given in the figure below.  
 

 

Figure 8: Idealised drawing of an impulse and a subsequent reflection occurring 200 mmmms later. (a) Signal in 
the time domain. (b) Signal in the frequency domain. [From: Puddie Rodgers, 1981] 

The time difference of 200 ms (see Figure 8) corresponds to a frequency of 5000 Hz. The spectrum of the 
combined signal has maxima at integer multiples of this frequency. At odd multiples of this frequency, i.e. 2500 
Hz, 7500 Hz, etc., the spectrum has minima.  
 
As a result of the comb filtering, the spectral structure of the sound will change. This change is audible as 
coloration of a certain signal. Moreover, the continuous change of the spectral pattern creates the illusion of 
changing the sound source elevation [4]. This is called image shift. I.e. as a result of the comb filtering the image 
shift is perceived as a movement in the vertical plane.  
 
Because of the importance of good sound localisation and necessity of good sound reproduction in the room, 
comb filtering should be avoided as much as possible. This can be realised by moving the first minimum to a 
high frequency. The reciprocal relationship between the frequency and time reveals that therefore the delay 
between the signals has to be optimised: the shorter the delay, the higher the comb filter frequency will get. So to 
remove all the minima from the audible spectrum, the time difference should be shorter than 25ms or 8.5 mm, 
because then the first null in the energy frequency curve will appear above the highest (human) audible 
frequency of 20,000 Hz.  
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In actual practice it is almost impossible to achieve this short delays by architectural solutions. Therefore in this 
respect attenuation, e.g. by absorption, or redirection, e.g. by diffusion or redirecting, of the signals is required in 
such a way that the comb filtering is not perceived by the listener. 
 

1.3.3. Stereophonic perception 
 
In the past there has been a lot of research on the perception of stereophonic loudspeaker set-ups. Among others 
this was done by de Boer, Franssen and Blauert. The research on stereophonic perception mainly happens in 
anechoic rooms. The loudspeakers are placed at an angle of 30° left and right from the listener, producing 
coherent signals. The signal of one of the sources will not be delayed, this is called the direct signal. The other 
source will be delayed and is therefore called the delayed source. (See Figure 9) 
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Figure 9: Example of a standard stereophonic measurement set-up. 

 
When both sources produce an identical signal with an equal level and no delay, the auditive system interprets 
this as if the signal is produced by a phantom source, placed symmetrically with respect to the median plane [7]. 
This effect is also called the summing localisation effect. When the signal of one of the sources will be delayed, 
the phantom source slowly moves towards the undelayed source. When the delaytime is between 630 ms and 1 
ms, the phantom source will be the undelayed source [7]. 
 
If the delaytime is more than 1 ms, the direction perceived by the auditory system is primarily determined by the 
sound that reaches the ear first. This is called the law of the first wavefront [7]. Thus, the crossover point from 
summing localisation to the law of the first wavefront, this is the upper limit of an auditive event where the 
phantom source moves due to a delay between the two sources, is between 630 ms and 1 ms [7]. 
 
To define the upper limit of the situation where the law of the first wavefront is applicable is more difficult. This 
is dependent on several factors like level differences between the sources, the type of signal, the angle of the 
incoming sound and the delaytime. One of the people who examined the upper limit is Haas. In the next 
paragraph this will be outlined in more detail.  
 
1.3.3.1. Haas- or precedence effect 
 
During Haas’ examination he used speech with a level of 50 dB as the signal and delayed this signal from 1 to 
160 ms. The subjects had to point out whether the signal with a certain delay was experienced as disturbing 
regarding the speech intelligibility at that specific position in the room. Moreover they had to indicate how much 
the level of the delayed signal had to be raised to make the direct sound no longer audible. His investigation 
showed that above a certain delay the auditory event was separated into two separate events [7][8]. 
 
The first auditory event is coming from the direction of the direct sound. The second event comes from the 
direction of the first incoming high level reflection. This reflection is called the echo of the first event. By 
rendering the delay time versus the relative level difference an echo threshold can be defined. Because of the 
used signal this actually is a threshold for the speech intelligibility impairment. Figure 10 shows the echo-
threshold.  
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Figure 10: A comparison of various thresholds for reflections; standard stereophonic loudspeaker 
arrangement, base angle aaaa= 80°°°° (data of Haas 1951, Meyer and Schodder 1952, Burgtorf 1961, Seraphim 
1961). [From: Blauert, 1982]  

 
The figure shows that in case the delay is less than 32 ms, the level of the echo can be 5 dB higher relative to the 
primary sound without being audible. Furthermore it shows that if the delaytime is between 5 and 30 ms, the 
intensity level of the delayed signal has to be at least 10 dB louder than the undelayed signal to experience the 
delayed source as an echo [8]. 
The research also revealed that if the delaytime exceeds 30 ms, the speech intelligibility will be diminished. The 
echo is perceived as annoying at threshold values that intersect the curve of equal loudness at a delay time of 
approximately 65 ms and increase sharply as the delay time is decreased.  
When the reflected energy reaches the ear within 50 ms, this will be integrated with the direct sound and 
contributes to the perceived loudness of the signal [7][8][11]. In practice this will be noticed as a broadening of 
the direct, undelayed source while the delayed source is not acoustically perceived [11].  
 
Summarising it can be said that for delays less than 50 ms the echoes will not be perceived as troublesome, even 
if the level is higher than the primary sound. The optimum in this case is nearby 20 ms. This is called the Haas-
effect.  
During the examination of Haas, at almost the same time a comparable research was performed in the US by 
Wallach, Newman and Rosenzweig [9]. Although the experimental methods differ, the substantial conclusions 
are the same as Haas made. Wallach et al called it the precedence effect. In literature both terms are used for 
essentially the same effect.  
 
By using a set of signals with the proper levels and delays, the Haas-zone can be extended. This is sometimes 
referred to as the Kuttruff-effect [10]. The concept of extending the Haas-zone according to the Kuttruff-effect is 
given in the figure below. Among others this concept is applied in control rooms built according to the LEDE 
concept (see paragraph 3.5). 
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Figure 11: Kuttruff-effect [After: Davis, 1997] 
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1.3.4. Image shift of phantom sources 
 
In the past de Boer among others has done research on the influence of level- and time differences between two 
loudspeakers with reference to the phantom source [6]. He placed two loudspeakers 3.5 m separated from each 
other, with a listener at 3.5 m distance on the median plane between the two loudspeakers. This implies an 
maximum angle between the loudspeaker and the median plane of approximately 26°. 
The results of his investigation are presented in the figures below.  
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Figure 12: Level- and time differences with reference to the angle with median plane. [After: de Boer, 
1940] 

The most important conclusion drawn from his research was that in a situation in which both time- and level 
differences occur, the differences are additive or subtractive. This implies that the perceived sound image can be 
increased or decreased towards the situation in which only one of the quantities is present. Thus, with both 
quantities it is possible to keep the sound image at a fixed position.  
This result was more profoundly researched by Meyer and Schodder. They examined which combinations of 
level- and time differences did not cause a movement of the phantom source. The results are given in the figure 
below. 
 
 

 

Figure 13: Influence of combinations of level- and time differences on the stereophonic perception. R 
represents the right loudspeaker plane, M the median plane and L the left loudspeaker plane. [From: 
Franssen, 1962] 

 
For example, when the right speaker has a delay of 2 ms with respect to the left speaker, the level of the right 
loudspeaker should be 7 dB louder than the left loudspeaker to keep the sound image in the center between the 
two loudspeakers. 
 
As stated before, in stereophonic sound reproduction the localisation of sound sources is very important to create 
a stable sound image. According to the previous research of de Boer, Meyer and Schodder the time- and level 
differences between the loudspeakers are in this respect important cues.   
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1.3.5. Interaural cross correlation (IACC) 
 
The sound perceived at our ears can be represented objectively with two head related impulse responses hnl,r(t) 
[13]. These two responses hnl(t) and hnr(t) are important regarding the localisation and spatial impression.  
In the median plane of the ears these two responses are, theoretically, identical. Off axis these responses are not 
identical although there are still relations between them. At low frequencies these are interaural time differences, 
ITD, and at high frequencies, above 2000 Hz, these relations are interaural intensity differences, IID. The 
interdependence between both impulse responses can be represented by the Interaural Cross-correlation Function 
(IACF), F lr(t ) , between the sound signals f1(t) and f2(t) at both ears which is defined by [13]: 
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which corresponds to the ear sensitivity. T represents the time interval of interest, usually this is the reverberation 
time T60 [s]. The time interval of 1 ms is chosen because this is the maximum interval delay between both ears.   
 
The normalised IACF, f lr(t ), is defined by  
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where F ll(0) and F rr(0) represent the auto correlation function at t =0 for the left and right ear. In other words 
this is the sound energy arriving, at respectively, the left and right ear [13]. The denominator in general is the 
geometrical mean of the  sound energies arriving at both ears.  
 
For discrete reflections which arrive after the direct sound the normalised IACF can be expressed by 
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where A is the amplitude of the nth reflection relative to the amplitude of the direct sound. F lr

(n)(t ) the IACC of 
the nth reflection and F ll

(n)(t ) and F rr
(n)(t ) the  sound energies arriving at respectively the left and right ear. 

 
The maximum value of the IACF represents the Interaural Cross Correlation IACC. Therefore mathematically 
the IACC is defined as [13]: 
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for the maximum interaural time delay |t | £ 1ms 
 
As shown in the Figure 14, the interaural delay time of the maximum is denoted t IACC. When t IACC = 0 usually a 
frontal sound image and well-balanced sound field are perceived [13]. 
The width of the IACF, WIACC, is defined by the interval of delay time during which the function stays above a 
threshold value d. In fact this corresponds to the JND of the IACC. According to Ando therefore the Apparent 
Source Width (ASW), as defined by Beranek in [14], may be perceived as a directional range corresponding 
mainly to the WIACC. For a sound field with t IACC = 0, the width of the interaural cross-correlation function is 
approximated by 
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Figure 14 : Definitions of the IACC, tttt IACC and WIACC for the interaural cross-correlation function. [After: 
Ando, 1998] 

 
A well-defined directional impression corresponding to the interaural time delay t IACC is perceived when listening 
to sound with a sharp peak in the interaural cross-correlation function with a small value of WIACC. When a sound 
field has an IACC < 0,15 this is subjectively perceived as diffuse. Therefore the IACC, t IACC and WIACC are 
independently related to the space oriented subjective attributes, respectively the subjective diffuseness, the 
image shift and the ASW [13]. 
 
Generally the IACC is defined for a time interval between zero and infinity. In practice, for large rooms, infinity 
is in the order of the reverberation time of the room, measured in a wide frequency band. The IACC can also be 
used for description of the dissimilarity of the signal arriving at the two ears. For the early reflections the time 
interval between zero and 80 ms is used. For the reverberant sound the sound arriving after 80 ms is used [15].  
 
It has to be noted that the IACC is a relative new parameter of which the subjective relevance is still subject of 
discussion and research. Therefore it is very hard to find proper data of the IACC. Moreover the IACC is 
generally used in acoustical measurements in large room such as opera houses, concert halls and theatres. 
Comparable measurement data of the IACC in small rooms such as control rooms have not been found in the 
literature.  
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2. Architectural design issues of a control room 
 

2.1. Introduction 
 
Every room has its own acoustical characteristics. To make the room suitable as a critical listening environment, 
there are different architectural decisions which have to be made, e.g. what room dimensions are allowed, what 
kind of material should be used on the walls etc. In this chapter the most commonly used solutions are described. 
Before discussing the architectural design issues, it is convenient to be aware of existing recommendations and 
standards relating to control room design. This will be discussed in the first subsection. Subsequently the 
geometry of the room will be discussed whereby much attention is paid to the evolution of the optimum room 
ratios. Hereafter the finishing of the room will be evaluated. What material is used, and more important, what 
characteristics should it have, e.g. absorptive or reflecting. Because the architectural design is also strongly 
related to the placement of loudspeakers, in paragraph 2.5 the placement of loudspeakers is discussed.  
 

2.2. Recommendations 
 
The most important standard in room acoustics is the ISO standard 3382:1997(E) [15]. This standard concerns 
measurement and calculation methods for room acoustical parameters in large rooms such as concert halls and 
theatres.  
As this standard only concerns large rooms with a statistical sound field, it is not applicable in small rooms, i.e. 
critical listening environments, with their distinct characteristic of a non-diffuse sound field.  
 
Contrary to large room acoustics, there is no standard for small room acoustics. For the benefit of the designers 
as well as the users it is convenient to have some kind of frame to refer to. To achieve a uniform discrete 
multichannel system the International Telecommunication Union (ITU) and the European Broadcasting Union 
(EBU) have edited recommendations. These recommendations are intended for the use in the assessment of 
systems which introduce impairments so small as to be undetectable without rigorous control of the experimental 
conditions and appropriate statistical analyses [22].  
 
Concerning the design of control rooms there are two important ITU recommendations, i.e. ITU-R BS.1116-1 
and ITU-R BS.775-1 [22] [23]. The former one concerns the listening conditions. Among others this implies 
room acoustical design issues such as room shape, proportions, reverberation time, sound field conditions etc. 
The latter one concerns the loudspeaker arrangement control rooms with or without accompanying picture.  
 
Based on the ITU recommendations the EBU has made three important recommendations regarding the listening 
conditions. The listening conditions for monophonic and two-channel stereophonic presentations are given in the 
EBU document Tech 3276-1999 [18]. With respect to the earlier document Tech 3276-1997 [17] the document 
includes improved measurement methods for early reflections and specifications for the use of separate low-
frequency loudspeakers. Supplement 1 to EBU Tech 3276 [19] specifies additional or altered requirements for 
multichannel audio presentations. An extension of the EBU Tech 3276 is the document EBU Tech 3286 [20]. 
This document describes a method for the assessment of the quality of classical music programmes.  
 
The ITU and EBU recommendations have been the girder for other recommendations. Among others the AES 
refers to the recommendations [24], but also the Surround Sound Forum refers to the documents in their 
recommended practices [25]. 
 
It has to be noted that in contradiction to the ISO standard all the above mentioned documents are 
recommendations. Therefore all of the documents connot restrict the designer or client. Nevertheless the 
documents can be used as a tool for the designer as well as for the client in defining their demands for the design 
of a control room.     
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2.3. Geometry of the room 

2.3.1. Eigenmodes 
 
Considering a room analytically, the room can be seen as a three-dimensional space bounded by surfaces with a 
complex impedance. Solving the acoustic wave equation gives solutions in the form of eigenmodes with 
characteristic time functions, damping factors and spatial distribution [27].  
When a room is assumed with boundaries which have an infinite stiffness, the eigenmodes and their spatial 
distribution may be considered from a less analytical point of view. A soundwave which approaches a boundary 
will be reflected from the surface. The incident and reflected soundwave will coincide, but travel in the opposite 
direction. Subsequently the reflected sound wave will be reflected at the opposite side and so on.  
When the wavelength is an integer multiple of the total travel distance, the incident and reflected sound will be 
phase-synchronous. Therefore the sound pressure of both waves will be additive. Two waves of this type which 
travel in the opposite direction will establish a standing wave pattern with sound pressure levels which are 
strongly dependent of the position in the room. The resonance frequencies at which these standing waves occur 
are called eigenmodes or roommodes. 
The amplitude of the eigenmode is dependent of several factors like the frequency distribution of the source, 
impedance of the soundwave with respect to the eigenmode, the position in the room where the amplitude is 
measured, source positions and room dimensions [28]. 
 
The eigenmodes behave like resonant systems because of the energy transfer and storage mechanisms [27]. The 
eigenmodes have characteristic natural resonance frequencies with bandwidths which depend on their individual 
loss (damping) factors and amplification factors (Q-factor) which also depend on the damping. As in any other 
simple harmonic resonant systems the energy storage is a cyclical interchange between kinetic and potential 
energies [27].  
For a mode between two opposing walls this will be explained. The volume of the air in the room can be divided 
in two parts. The middle part acts as a mass that oscillates between the ends and is resisted by the stiffness of the 
end parts which act as a spring. In the middle of the room pressure is generated and energy can only exist as 
kinetic. At the walls there may exist no velocity components, thus the energy has to be entirely potential. The 
energy is now cyclically exchanged between the two air components.  
 
Three types of eigenmodes can be distinguished. The one described involves two surfaces and is called the axial 
mode. Eigenmodes which involve four surfaces are called the tangential modes. The sound pressure level of 
these modes is –3dB relative to the axial modes. Finally there are modes which involve sequentially reflections 
from six, or mores, surfaces. These are called the oblique modes. The sound pressure level of the oblique modes 
relative to the sound pressure level of the axial modes is –6 dB.  
 
Already in the 19th century the existence of eigenmodes was found by Lord Rayleigh. He defined an equation for 
determining the resonance frequencies in rectangular rooms with infinitely stiff boundaries: 
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where 
 
fn  : resonance frequency  [Hz] 
c0  : velocity of sound [m/s] 
lx, ly, lz  : room dimension  [m] 
nx, ny, nz  : integer 1, 2, … 
 

2.3.2. Distribution of the eigenmodes 
 
In small rooms, such as control rooms, the lower part of the frequency range is characterised by a relatively 
small number of resonance frequencies. At, or around, a resonance frequency the sound pressure level will be 
enhanced. Between the modes the enhancement will not occur, thus there will be relative attenuation. This low 
frequency difference in sound pressure level is perceived as coloration of the sound field. If the modal density is 
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Figure 15: Pressure versus 
frequency curve [From: 
Bonello, 1981] 

high enough, the amplification will affect the perceived sound entirely, and therefore the spectral attenuation will 
not be perceived anymore.  
 
The modal density, N [-], in a diffuse sound field can be approached by: 
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where  
 
f : frequency  [Hz] 
V  : volume of the room  [m3]  = lxlylz 
S  : total surface area  [m2] = 2(lxly + lxlz + lylz) 
L  : sum of edge lengths [m] = 4(lx + ly + lz) 
c0 : velocity of sound [m/s] 
 
The number of modes in a frequency band with a centre frequency fn and a bandwidth Df can be obtained by 
differentiating equation (6): 
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The bandwidth Df  can be defined as the frequency difference between the frequencies at which the pressure has 
dropped 3 dB, so half power (see Figure 15) , with respect to the steady state sound pressure level at a certain 
moment [29]:  
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where 
 
kn : damping constant, representing room absorption [s-1] 
 
In a room which in which a certain excitation signal is turned off, 
the pressure will decrease exponentially according to the following 
relation: 
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where 
 
pn : pressure of the nth mode at t  [Pa] 
K : constant representing power, source location and room volume 
t : time     [s] 
wn : normal angular frequency of the mode [s-1] 
 
The time required for the pressure to drop 60 dB, thus the reverberation time T60 [s], can be calculated from (9). 
This results in 
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When the equations (8) and (10) are combined, a general equation for the bandwidth can be obtained:  
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As equation (11) shows, the bandwidth of the resonance modes is constant if the reverberation time is 
independent of the frequency. In control rooms the reverberation times is aimed to be constant with the 
frequency. Therefore the bandwidth at the resonance frequencies will be constant [29]. When it is assumed that 
in general the reverberation time of a control room will vary be between 0.15 sec. to 0.4 sec. this implies that the 
bandwidth for the resonance modes varies between 5.5 to 14.6 Hz. 
 
Equation (7) presents the average modal density in a statistical diffuse sound field. That is, when the modal 
overlap between the following resonance frequencies is significant. So, there has to be a certain frequency which 
marks the lower limit of the frequency range where the average modal density of the sound field is high enough 
to create a statistical sound field. This frequency is called the critical frequency fc. The figure below shows a 
design graph for the determination of this critical frequency fc. 

 

Figure 16: Design graph of Bolt, Beranek and Newman for the determination of the critical frequency fc. 
[From: Davis and Davis, 1996] 

 
A commonly used criterion for the critical frequency fc is that the overlap between the adjacent modes should 
overlap less or equal to half a bandwidth. According to Walker, the critical frequency is the first frequency with 
five modes in its  bandwidth [30]. When the equations (7) and (11)  are combined this frequency can be 
expressed by: 
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This can be approximated by 
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In 1954 Schroeder defined the critical frequency based on 10 modes per 1/3 octave bandwidth [31]. Although, he 
primarily used the constant 4000, measurements of various authors showed that the theory is actually valid for 
frequencies as low as [32]: 
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(14) 
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This frequency is also called the ‘Schroeder frequency’.  
 
The formulas (12), (13) and (14) for the critical frequency are compared to each other. A plot of the results is 
shown in the figure below. 
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Figure 17: Comparison of the critical frequency fc according to Schroeder and Walker.  

As the figure shows, generally the critical frequency determined according to Walker precisely, i.e. according to 
eq. (12), is about 3 Hz higher towards the approximation by equation (13). At low frequencies, up to 30 Hz, the 
difference increases a little. The difference between the Schroeder frequency and the Walker frequencies is for 
the lower and higher reverberation times up to 18 Hz. Between 100 and 120 Hz the differences between the 
calculations are very small, i.e. within 2 Hz. 
 

2.3.3. Optimisation of the mode distribution 
 
The eigenmodes and their distribution can be very detrimental to the quality of a control room. Therefore it is 
important to get a grip on the eigenmodes in order to optimise the quality of the control room. Because of the 
fact that the problems with the eigenmodes are mainly problems at low frequencies, the room dimensions are an 
important factor for solving these problems. 
 
2.3.3.1. Room dimensions 

2.3.3.1.1. Golden ratios 
 
The problems related to the eigenmodes and the distribution of the modes, e.g. coloration of the sound and 
instability of the sound image, are known for a long time. In the past several authors have tried to find an 
optimum ratio which the room dimensions should meet. The very first who prescribed optimum room ratios was 
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Sabine. In 1900 he already recommended an ideal ratio of 2 : 3 : 5. This suggestion is probably based on the 
ratios of the harmonic intervals in music [33].  
 
Bolt was one of the first who started research regarding the distribution of roommodes [34]. He examined the 
average modal spacing to achieve evenly spaced modes. Therefore he assumed that if the modal frequencies are 
evenly spaced, the problems with peaks and dips in the modal response will be reduced. Currently it is known 
that the average spacing is not ideal. A better measure is the standard deviation of the mode spacing [41]. 
The same ratio as proposed by Sabine, 2 : 3 : 5, is suggested by Bolt. Moreover Bolt suggests the optimum ratio 
1 : 21/3 : 41/3 (1 : 1.26 : 1.59)2. According to Bolt there is a broad area where the average spacing criterion is 
applicable. He presented this in a typical graph as shown below. This graph is also known as the Bolt-graph.  
 

 

Figure 18: Room ratios according to Bolt [From: Bolt, Beranek and Newman] 

 
A research of Sepmeyer in 1965 concerned the frequency and angular distribution of normal modes in 
rectangular rooms [35]. His research resulted in three optimum ratios, given in the table below. Only one of the 
ratios (1.14 : 1.39 : 1) does not fit in the Bolt graph. 
 

Table 1: Ratios according to Sepmeyer 

X Y Z 
1.14 1.39 1 
1.28 1.54 1 
1.60 2.33 1 

 
 
In 1971 Louden presented an article in which he examined 125 different ratios [36]. To achieve a distribution as 
even as possible he states that an ideal room would have intervals between the adjacent modes according to the 

                                                           
2 This ratio is commonly used as 1 : 1.25 : 1.6 
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curve of df/dN which can be obtained by equation (7). The greater the deviation between the actual interspacings 
and df/dN, the worse it will be for the acoustic quality of the room.  
 
Louden calculated the different ratios for an arbitrarily chosen standard volume of 201.6 m3. The ratios in the 
form X : Y :1 are investigated. For X the range from 1.1 to 1.9 was used in steps of 0.1, and for Y the range from 
1.2 to 2.8 was used, also with steps of 0.1. This results in 125 examined ratios3. The table below shows the five 
best results from his research. All the results of his research are given in Appendix I.  
The discritised examination of Louden limits the number of solutions found. By using the proper algorithms 
nowadays the need for discritisation is not necessary anymore. This is outlined in paragraph 2.3.3.3. But, the 
ratio of 1.9 : 1.4 : 1 is still well-known and applied by several designers.  
 

Table 2 : Optimum room ratios according to Louden. 

 X Y Z ssss 
1 1.9 1.4 1 1.1445 
2 1.9 1.3 1 1.1542 
3 1.5 2.1 1 1.1677 
4 1.5 2.2 1 1.2064 
5 1.2 1.5 1 1.2158 

 

2.3.3.1.2. Walker dimensions (ITU / EBU recommendation) 
 
From a practical point of view it is necessary to define a range of optimum ratios instead of a specific ratio. 
Therefore a computer program was developed by Walker with which he could produce a quality-index for 
rectangular rooms with different proportions [38]. Starting point in defining the quality-index is the general 
assumption that a rectangular room has four degrees of freedom regarding the distribution of room modes: 
volume, height, width and length. Portraying the quality-index would therefore be a four dimensional plot. By 
fixing one or more of the variables the number of independent axes can be reduced. For example, if the volume 
is fixed, there are two independent axes left: the length/height and width/height ratios. So the quality-index can 
be portrayed as a two-dimensional plot.  
 
To calculate the quality-index, the mean square spacing of the mode frequencies was calculated. Therefore the 
frequency difference between every pair of modes is calculated and squared. Subsequently all the squared 
differences have to be summed and divided by the number of modes included. Thus: 
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Where 
Qi : quality-index      [Hz2] 
Dfnms : frequency difference between two adjacent modes  [Hz] 
NOM : number of modes included   [-] 
 
The advantage of this method is that in this way the widely spaced modes, that is in the lower end of the 
frequency range, are weighted more. 
 
In Figure 19 an example of this procedure is shown. Because of the fact that in the figure the volume is fixed, the 
height must vary as the floor proportions change. The numerical values shown are the mean square mode 
spacing. The smaller the value, the better a room is qualified. In the figure the optimum room ratios are 1.40 : 
1.19 : 1 for cubic rooms and 2.2 : 1.75 : 1 for rooms where the width and length are twice the height. 
 

                                                           
3 Actually these combinations give 153 different ratios. But 28 of these ratios are the same, but in different order. E.g. 1.5 : 
1.8 : 1 and 1.8 : 1.5 : 1. 
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Figure 19 : Contour map of a room quality-index with a fixed volume of 200 m3, using mean square mode 
spacing. To avoid fractions, the mean square results are 10 times multiplied. [From: Walker, 1996] 

 
This kind of plots was also made by fixing the height instead of the volume. This was done by different heights 
of 2.5 to 4.0 m. The general shape and character of the contours and the areas of ‘good’ and ‘poor’  rooms were 
essentially identical although the numerical values of the quality-index were significantly different [42]. 
 
Based on preceding examination by making quality indices of different room proportion, a criterion was defined. 
The contour map of the situation with a fixed height of 3.5 meters and a variable volume was used as a reference. 
The figure below shows the map. 
 
 

 

Figure 20: Contour map of the quality-index, calculated with a fixed height of  3.5 m. and a variable 
volume. The grey area presents the room proportion design criterion. [From: Walker, 1996] 
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As the figure shows there is a large area with ‘better’ proportional ratios. By defining this area the room 
proportions are no longer restricted to a certain golden ratio, which enables the designer in some situations to 
work much more efficient. I.e. with a range of room proportions the volume might be used much more 
efficiently.  

The lower limit for the length-to-width ratio, 
w
l

, has a value of 1.1. This is indicated with the line a-a in Figure 

20. This can be rewritten in the following formula, which presents the lower limit of the criterion: 
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where: 
l : length  [m] 
w : width  [m]  
h : height [m] 

The upper limit for the length-to-height ratio, 
h
l

, is altered to the line b-b in Figure 20. The equation of line b-b 

is: 
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The new criterion which can be used for the room dimensions of an acoustically small room can now be defined 
as [38]: 
 

(18) 45.41.1 -££
h
w

h
l

h
w

  with  hl 3<   and   hw 3<  

 
As can be seen from the formula and Figure 20 a wide range of room proportions without unjustified exclusion 
zones is permitted. Because in most cases the height is the smallest dimension, the criterion is on the essential 
practical limitation of a fixed height and a variable volume. Because the numerical values are weakly dependent 
on the room height, the criterion can be used for all reasonable room heights [42]. 
 
Moreover, the criterion is taken over by the European Broadcasting Union (EBU), for which the work was 
originally carried out, and the International Telecommunication Union (ITU) in their recommendations for 
listening rooms [38] [39]. The EBU and ITU remark in their recommendations that the ratios of l, w and h should 
be avoided if they are within 5% of integer values of each other, because this increases the chance of the 
occurrence of modes. At the moment most designers use the criterion in their first design approach. 
 
 
2.3.3.2. Bonello criterion 
 
In 1981 Bonello presented an article in which he proposed a criterion for the distribution of normal modes in a 
room [29]. He calculated the first 48 modes according to the Rayleigh equation. (Eq. (5)) Subsequently the 
frequency spectrum was divided in 1/3-octaves intervals and the number of modes in each interval was counted. 
The assumption that the ear is unable to discriminate modes within an interval, but only observes the sum of the 
total sound energy received in that band makes it plausible to count the number of modes. Finally, a 1/3-octave 
bandwidth is used. The reason to use a relative instead of an absolute bandwidth is because of the logarithmic 
characteristic of the ear [29]. 
 
As been stated in paragraph 2.3.3.1, the sound pressure of the different types of modes relative to each other is 
different. Therefore it can be argued to weight the different modes. Moreover it can be argued to take into 
account the loudness of each band due to the ear sensitivity. Because it is not easy to know the intensity of an 
axial, tangential or oblique mode beforehand, i.e. among others the number of reflections they had is of 
importance, it is preferred by Bonello to suppose an ‘equal energy’ concept. [37] 
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According to the preceding concept the modal density function per 1/3-octave band, D=F(f), is calculated for the 
frequency intervals between 10 and 200 Hz. To analyse this, Bonello formulated the following criterion: 
 
1. The modal density function D=F(f) should be monotonically non-decreasing. I.e. each 1/3-octave band 

should have equal or more modes than the preceding one. 
2. There should be no double modes. Or, at most, double modes will be tolerated only in 1/3-octave bands with 

densities equal to or greater than 5. 
 
Bonello compared his criterion to different ‘golden ratios’ given by Knudsen, Olsen and Bolt. In the figure 
below the Bolt graph is presented. In the graph the letters A to P are drawn. These are the ratios to which the 
criterion is applied. In general it appeared that some ratios complied with both the criteria of Bolt and Bonello. 
E.g. F (2 : 1.5 : 1) and I (1.8 : 1.4 : 1). Others are accepted by Bonello even though they are outside the Bolt 
graph, e.g. E (2.3 : 1.9 : 1), or not accepted by Bonello even though complying to Bolt’s criterion, e.g. D (2.3 : 
1.5 : 1). 
 
 

 

Figure 21: Bolt’s graph with examined ratios by Bonello [From: Bonello, 1981] 

 
The criterion was published in 1981 and during the past 20 years intensively used in the designs of control rooms 
all over the world. During this period the criterion is extended with the following rules of thumb [37]: 
 
1. Rooms that only have one mode less in a band with respect to the previous can be considered ‘good’ if the 

total amount of modes in that band is more or equal to three. 
2. The room should be calculated with the exact proposed room dimensions, approximately 3% more in size 

and approximately 3% less in size. The criterion should fulfil all three the rooms, so one real room and both 
the virtual rooms.  

 
 
2.3.3.3. Distributed mode optimization 
 
The most recent developments with respect to the room dimensions are done by Cox and d’Antonio. They 
developed a new method called Direct Mode Optimisation (DMO) [41]. In contrast to conventional approaches 
which are mainly focussed to the distribution of the modes in the room, they consider the real mode response of 
the room and included absorption effects, weighting of the modes and the bandwidth of the mode. 
 
The DMO-method is a numerical optimisation of the frequency response of a room to achieve a flat as possible 
frequency response curve. The criteria used in the past are all derived from the known Rayleigh equation. There 
are a few shortcomings in this formula [41]. First it can only be applied if it is assumed that the room is a 
rectangular box with infinite stiff walls. Secondly, the influence of absorption is neglected. This is important for 
evaluation criteria which examine the modal frequencies or spacing of modes. Moreover, absorption acts 
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different on axial, tangential and oblique modes. The magnitude of an axial mode is the greatest, but it will be 
damped least regarding the tangential and oblique modes. Therefore weighting the type of mode is advocated. In 
the past this was never done, although Gilford discussed the prominence of axial modes regarding speech studios 
[42].   
 
To avoid these shortcomings, the DMO-method uses algorithms which take absorption and impedance of the 
surfaces into account. Furthermore, the type of mode is discounted. Because the model acts directly on the modal 
response of the room, a criterion based on mode spacing is no longer required. However some kind of an 
evaluation criterion is required. This criterion can be based on the modal response of the room, and therefore it 
will be easier to relate it to the human perception [41]. 
 
To achieve a flat power spectrum two models have been considered to predict the modal response. A frequency 
based modal decomposition model and a time based image source model. Starting point in both models is a room 
with an omni-directional microphone in one of the corners and a loudspeaker in the opposite corner. 
 

2.3.3.3.1. Modal decomposition model 
 
This frequency based model is applicable when the impedance of the borders is large and real. When a room is 
considered as a second order resonator (see also paragraph 2.3.1), the pressure  p(r,w) at position r(x,y,z) in the 
room, due to a source at r0(x0,y0,z0) with an angular frequency w is given by :  
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where dr presents a damping constant and Aw a function of the position of the source and receiver and the 
frequency.  
 
Formula (19) gives the frequency response of the transmission path between the source and the receiver. Thus it 
enables us to determine the pressure in a room at every position, at any frequency in the room.  

2.3.3.3.2. Image Source model 
 
The image source model is much faster than the modal decomposition model for box-shaped rooms. Once the 
energy impulse response is obtained, the frequency response is formed by a Fourier Transformation. Therefore 
the following relation is valid: 
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Where  
 
E(t,r,r0) : energy impulse response 
R2

n,i : surface reflection factor 
d2

n,i : distance between source and surface 
 
The disadvantage of this method is that the accuracy of the calculation decreases with an increasing absorption 
factor because then the image source can no longer be seen as a pure point source. Moreover, the accuracy 
decreases with increased order of the reflection because the higher the order of the reflection the less high 
frequent energy is in the wave.  
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2.4. Finishing of the room 
 
Beside the geometry of the room the finishing of the room is important. In order to optimise the acoustical 
quality of a control room two techniques can generally be distinguished, i.e. diffusion and absorption. In the 
following of this paragraph these techniques will be outlined in more detail. 

2.4.1. Diffusion / Diffraction 
 
To distribute the incident waves by scattering them into many wavelets having equal energy over a wide angular 
range lots of methods have been applied, i.e. alternating absorbing and reflecting panels, curved panels, 
geometrical irregular shapes etc. Moreover it was hoped that this spatial distribution occurred over a broad range 
of frequencies. This paragraph briefly describes the most common diffusion techniques and applications. 
 
2.4.1.1. Conventional diffusion 

2.4.1.1.1. Placement of a surface 
 
Different types of diffusion have been applied in the past. With conventional diffusion is referred to techniques 
whereby relatively easy diffusion or, maybe better, less specular reflections are obtained only by the use of 
building materials. One method to redirect, not diffuse, an incoming sound wave is by splaying the wall. In 
practice it appears that angles which are fractions of 30°, i.e. 7.5° or 15°, are used. There has not been found any 
scientific background for these angles. Probably the origin of these numbers is that these are multiples of the 
required listening triangle (See paragraph 2.5.2.1) and relatively easy to explain and comprehend for the 
carpenters to build.  
 
Some kind of diffusion can also be obtained by alternating materials with certain surface properties. I.e. 
absorbing material and reflecting material. This results in a wall with a mesh or grid. In the figure below the 
mesh is accentuated by the colours (dark and light lines in the photo). On the other hand by applying an 
acoustical transparent curtain the grid can also be concealed.  
 

   

Figure 22: Example of concealing alternating surfaces behind an acoustic transparent cloth (left) and 
accentuation of the alternating surfaces with different characteristics (right).   

2.4.1.1.2. Finishing of a surface 
 
Also by adjusting the surface morphology of a material some kind of diffusion can be obtained. For example 
when a smooth concrete wall is provided with a layer of rough cemented plaster, this gives some high frequent 
diffusion. This kind of diffusion has been applied for many centuries, although it can be doubted if it was always 
aimed to increase the diffusion instead of the visual aspects of the contemporary styles. An example of this is the 
ceiling of the Amsterdam Concertgebouw. Among others the distinct surface morphology of the ceiling 
contributes to the highly acclaimed acoustics of the hall nowadays.  
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Another technique that was frequently used is based on the so called 1:4 principle. For this principle there also 
has not been found any scientific literature, although it seems to be based on a ¼l  relationship. (See paragraph 
2.4.2.2) The idea of this kind of diffusion is rather simple; the depth of a surface should be four times the width 
of the element. A concept example in Figure 23.  As it shows it can be applied in a zig-zag shape or as convex 
surfaces.  
 

�

�

 

Figure 23: Concept example of diffusion by the 1:4 – principle.  

 
To make this type of diffusion more broadband the same principle can be applied on the element itself. This is 
comparable to a so called Koch curve [44] which is presented in the figure below.  
 

 

Figure 24: Koch curve 

 
2.4.1.2. Schroeder diffusors 

2.4.1.2.1. General 
 
Based on a number theory presented by Schroeder, it was possible to construct one-dimensional and two-
dimensional diffusors. The one-dimensional diffusor or primitive root (PR) diffusor consists of a periodic 
grouping of an array of slots or wells of equal width but different depths, separated by thin rigid walls. In the 
two-dimensional diffusor or quadratic residue (QR) diffusor the different depth wells and their rigid dividing 
well walls form a lattice or grid pattern [43]. The figures below present some examples of the different diffusor 
types. 
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(a)   (b)   (c)    

Figure 25: 1D diffusor (a, b), 2D diffusor (c) [Courtesy: RPG diffusor systems] 

 
The well depths are determined by mathematical sequences which have the critical property that the Fourier 
Transform of the exponentiated sequence values has a constant magnitude. The QR sequence satisfies this 
requirement exactly at the design frequency f0. The PR sequence provides an approximate constant magnitude 
over the scattering bandwidth. In appendix II the algorithms for a Schroeder diffusor are given. 
 
Schroeder diffusors are widely used in concert halls, theatres and control rooms. Besides their diffusing quality, 
it also appeared that they absorb, mainly below the design frequency of the diffusors, considerably [45]. Among 
others Fujiwara, Kuttruff and Wu have performed intensive research on this subject. Kuttruff’s research [46] 
revealed that due to a strong interaction between each of the elements, the wells are tuned for a specific 
resonance frequency. This results in an air flow at the mouth of a well with a higher velocity than the partial 
velocities in the direct sound field. Hence there will be pressure differences between the slots. As the equalising 
flows lead to a much higher energy loss than is effected by channels of equal depth, this introduces extra low 
frequent absorption.  
 
Fujiwara’s examination [47] showed that also a poor construction of the diffusor contributes to extra absorption 
of the diffusor in the lower frequencies. The back space behind the well bottom and small gaps between the 
components increase the low frequency absorption. Filling the back space with a material with a higher 
impedance as the construction material of the diffusor bottom and painting the elements appeared to be very 
effective regarding the reduction of the low frequency absorption of the diffusor.  
 
In a research of Wu [48] this low frequency absorption is used to create a profiled structure to improve the low 
frequency absorption. Eventually it appeared that applying a perforated element as a well bottom in an element 
which consists of wells with an equal depth, have the best low frequency absorbing characteristics. An additional 
benefit of this method is that there is a possibility to fine-tune the corresponding space. 
 

2.4.2. Absorption 
 
As has been outlined in chapter 1 reflections can introduce some kind of distortion on the sound image. In this 
paragraph one of the mechanisms to control the reflections, i.e. attenuation, is discussed. To attenuate disturbing 
reflections, the walls are treated with absorption. The attenuation of the reflections by absorption characterises 
itself by the fact that it transfers the energy into heat at a specific frequency or frequency range.  
 
Different types of absorbers can be distinguished, each with their own characteristics, benefits and drawbacks. 
Generally we distinguish two main groups, i.e. the porous absorbers and the resonators. In the following these 
will be discussed in higher detail.  
 
2.4.2.1. Porous absorbers 
 
A porous absorber is basically a material with an open pore structure, e.g. mineral wool. The incoming acoustic 
energy is transferred into heat by the friction the wave goes through by the molecules of the material. From the 
general wave equation it can be derived that the maximum velocity of a standing wave occurs at ¼l  and ¾l  in 
front of a rigid wall. Therefore the thickness of the material is very important regarding the effectivity of the 
absorber.  
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(a)   (b)  

Figure 26 : Application principle of a porous absorber. 

 
The frequency at which a porous absorber is most effective, f0 [Hz],  can be calculated with 
 

(17) 
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where c is the velocity of sound in [m/s] d is the thickness of the material in m.  
 
Porous absorbers are mainly used for high frequency absorption. The presence of an air space between the 
material and a rigid wall (Figure 26 (b)) results in an increase of absorption at low frequencies. An increase in 
the air space is accompanied by a shift of the maximum absorption towards the low frequencies and to an 
increase in the maximum coefficient [50]. The figure below confirms this by measurements of Mankovsky.  
 

 

Figure 27 : Frequency characteristics of the absorption coefficient for a layer of plaster at different 
distances (14; 5; 0.5; and 0 mm from a rigid wall). [From: Mankovsky, 1971] 

Furthermore, eq. (17) shows that in case of applying a larger thickness, the absorber can also act as a low 
frequency absorber. A porous low frequent absorber is also known as a bass trap. In control rooms this type of 
low frequency absorption is quite common to suppress the eigenmodes. They are mainly placed in the corners of 
the room because they are there most effective. 
For normal incidence the absorption coefficient of a porous layer can be obtained by [51]: 
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Where s   [-] represents the porosity factor of a certain material.  
Table 3 presents a few materials with their porosity factors.  
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Table 3 : Range of measured porosity factors [After: Cremer and Müller, 1982] 

Material Porosity 
factor ( ssss) 

Mineral wool 0.94 - 0.98  
Felt 0.83 - 0.95  
Fiberplates 0.65 - 0.80  
Porous plaster 0.60 - 0.65  
Ceramic filter 0.33 - 0.42  
Brick 0.25 - 0.30  
Firebrick 0.15 - 0.35  
Sandstone 0.02 - 0.06  
Marble about 0.005  

 
 
 
2.4.2.2. Resonators 
 
Another type of absorption are the resonators. Resonators are often presented as mass-spring systems. Generally 
two types of resonators can be distinguished, the slit- or Helmholtz resonators and the panel resonators. The 
main characteristic of the resonators is that they can be tuned to a specific frequency, the resonance frequency f0, 
at which they are most effective.  
 

2.4.2.2.1. Slit absorbers 
 
The mass-spring system of a slit absorber consists of the air in the neck of the resonator which represents the 
mass and the air in the volume behind which represents the spring of the system. In the figure below the 
principle of a slit absorber is drawn.  
 
 

V

b
A

Mass

 

Figure 28 : Principle application of a slit absorber. 

 
The mass of the neck and the compliance with the volume behind is the resonating system of a slit absorber. In 
essence this type of resonator is based on the reduction of energy due to the decrease in the particle velocity of 
the sound energy in the air.  
When the internal resistance of the Helmholtz-resonator is low, the effective bandwidth of the absorber is very 
small. Thus Q-factor of the absorber is high [49]. 
 
Already in 1896 the resonance frequency of a Helmholtz resonator with a cylindrical neck was defined by Lord 
Rayleigh. He found that the resonance frequency for such an absorber can be found according to the relation:  
 
 
 



 Architectural design issues of a control room Chapter 2 

 38 

(19) 
Vl
Ac

f
'20 p

=  with 
2

'
r

ll
p

+=                                                                                                                                                                          

 
Where  
c  : velocity of sound   [m/s] 
A : cross sectional area neck   [m2] 
l’  : effective length of the neck  [m] 
l : length of the neck   [m] 
r : radius of the neck   [m] 
V : volume behind the neck  [m3] 
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Figure 29 : Principle of a slit absorber with a cylindrical neck. 

 
Almost half a century later in 1940 the general formula for slit absorbers was derived by Peterson: 
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Where 
 
b : width of the slit    [m2] 
l : length of the neck    [m2] 
A’ : cross sectional area behind the neck [m2] 
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Figure 30 : Principle of a slit resonator. 

 
The bandwidth DfH of a slit absorber is defined as the frequency range between frequencies whereby the sound 
pressure level is 3 dB down with respect to the design frequency f0 : 
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One of the advantages of this type of absorber is that they can be applied over a very large range of frequencies, 
although it has to be remarked that in some cases the elements can become quite large. Furthermore the slit 
absorber has the advantage that it can be tuned afterwards. For example when a control room is finished and due 
to construction errors there are some acoustic distortions, it is possible to tune the absorber afterwards. Therefore 
a microphone is placed in the absorber. Subsequently the width of the slit is adjusted until the desired resonance 
frequency is obtained.  
 
In the table below an example is given of an absorber with cross sectional area behind the neck A’ of 0.005 cm2, 
length of the neck l is 0.05 m and the volume of the resonator V is 0.02 m3. For this element a frequency range of 
160 Hz can be realised by varying the width b from 0.5 to 3.0 cm.   
 

Table 4 : Example of possible tuning frequencies for a slit resonator with the fixed parameters A' = 0.005 
m2, l = 0.05m, V = 0.02 m3. 

b [cm] f 0 [Hz] DDDDf  [Hz] 
0.5 373.0 236.6 
1.0 427.1 407.8 
1.5 462.5 557.6 
2.0 489.7 700.8 
2.5 513.0 843.8 
3.0 533.9 989.9 

 
 
On the other hand, the possibility of tuning the resonators afterwards is also a drawback of the Helmholtz 
resonator. Because the tuning is so critical, small deviations during the construction can have large effects on the 
quality of the resonator. Therefore a slit absorber always has to be tuned in situ, which is a relatively time 
consuming matter. Furthermore the slit absorber is a so called active absorber which has an open connection 
between the resonating volume and the air in the room. This results in non-linear distortion of the resonator. 
Normally this distortion is negligible. Although in critical listening environments, especially near loudspeakers, 
this interaction can distort the sound image perceived by the engineer. This is one of the main reasons many 
control room designers refuse to apply slit absorbers in their designs.  
 

2.4.2.2.2. Panel absorbers 
 
In contradiction to a slit absorber, a panel absorber is a selective low frequency absorber. In practice the panel 
absorber is most commonly used. The main advantage of the panel absorber is that many of those can be found 
in every room. For instance, a ceiling or a floating floor are examples of mechanisms which also act as panel 
absorbers.  
A panel absorber can also be presented as a mass-spring system. In this case the mass is not an air column but 
the mass of the panel itself. The spring is given by the coupling, i.e. the air space, between the panel and the wall 
behind, and the stuffing of the airspace between. The figure below presents a principle application of a panel 
absorber.  
 

 

Figure 31 : Principle application of a panel absorber. 
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The frequency at which a panel absorber is most effective, i.e. the resonance frequency f0 [Hz], depends on the 
mass of the panel and the distance between the wall and the panel. Additionally, the angle of incidence is 
important regarding the resonating frequency of the system. If a panel with a mass m [kg/m2] is placed in front of 
a wall with a distance d [m] and the space between the panel and the wall is filled with air, the resonance 
frequency is defined as 
 

(22) 
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For non-perpendicular incidence a correction has to be made for the angle of incidence, z [°] (see Figure 32). 
Therefore in case of non-perpendicular incidence equation (22) has to be adjusted to [51]: 
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Figure 32 : Definition of the angle of incidence zzzz [°°°°] 

 
To increase the efficiency of the absorber, the space between the wall and the panel can be filled with a porous 
material such as mineral wool. In that case the formula (22) has to be corrected with a porosity factor s . Some 
practical values for s  are given in Table 3. Furthermore the isotherm compression for frequencies below 500 Hz 
has to be taken into account. Now the resonance frequency in case the space between the wall and the panel is 
filled with a porous material can be defined as [51]: 
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The absorption of a panel resonator is mainly dependent on the angle of incidence and the frequency of tuning 
[51]. It can be derived that the general equation for absorption of a panel resonator is  
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When the soundwave impinges a resonator perpendicularly the angle of incidence is 0°. In this case the 
absorption of the resonator is maximal. So a(0) is equal to a  max. The half power bandwidth DfH  [Hz] is defined 
as in equation (21).  
 
As been outlined before the bandwidth of a panel resonator can be extended by stuffing the cavity with a porous 
material. Figure 33 presents a comparison between a resonator whereby the cavity is empty and stuffed. It has to 
be noted that the maximum absorption a  max is set to 0.9 and the porosity factor s  of the stuffing material to 0.5. 
It can be observed that the peak in the curve is broadened by adding material into cavity. Moreover it can be seen 
that for the higher frequencies, i.e. above 400 Hz, the absorption coefficient doubles.  
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Figure 33 : Effect of adding material in the cavity on the bandwidth of the absorber. (aaaa  max = 0.9; ssss  = 0.5)  

 

2.4.2.2.3. ¼l -resonators 
 
The sound energy emitted by a loudspeaker travels from the loudspeaker to the engineer and continues to the 
rear wall where it is reflected back to the engineer. This reflection can be detrimental to the sound image 
perceived by the engineer because of the interference between the direct sound and the reflected sound. 
Absorbing this high level reflection with a panel absorber might be quite ineffective because of the fact that a 
panel absorber needs a few cycles to be most effective [52]. In order to maintain the energy but omit the 
destructive reflection a ¼l -resonator can be applied.  
 
A ¼l -resonator is a large well, e.g. behind a wall, whereby the energy will be released ½l  later in time relative 
to when it should be reflected by the wall. As a result the destructive interference at the design position will be 
reduced. The frequency at which the resonator will be effective depends on the length of the well. E.g. a 
resonator which is effective at 100 Hz has to have a length of 0.85 meters. 
 

d = ¼l l =  d

 

Figure 34 : Concept of a ¼lll l -resonator 

 
The ¼l -resonator has a few drawbacks. Like the slit- and panel- absorber, the effectivity  of a ¼l  resonator is 
temperature dependent and, because they are reactive resonators, they can cause non-linear distortion. The main 
disadvantage of this absorber is that it is only effective at a specific position because the specific resonance 
frequency at which it is designed is based on the distance between a certain position in the room and the wall.  
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2.5. Loudspeaker arrangement 

2.5.1. Introduction  
 
The early control rooms were very small and only suitable for monophonic recording. Therefore in these control 
rooms the placement of loudspeakers was not important. At least, it was not considered to be important.  
In the 1950’s it is, initiated by the film industry, the beginning of the stereophonic recording and reproduction 
techniques. Because of the important interaction between loudspeakers mutually and the interaction between the  
loudspeakers and the room a conceptual change in the design of control rooms was necessary. Many attempts 
were made to redesign the existing monophonic control rooms to satisfy the requirements for stereophonic 
recording. But there were a lot of shortcomings.  
One type of modification was adding another source at the opposite wall with the mixer between the two sources 
behind the console. Another concept was placing the loudspeakers at both sides of the console next to the 
window and inclining them forward. Finally it was tried to turn the monitors 90° relative to the window, so the 
engineer had to turn his head 90° from the stereo loudspeaker. The figure below schematically shows the 
different layouts. 
 
 

CONSOLE

CONSOLE

CONSOLE

 

Figure 35: Schematic drawings of the early attempts to make a monophonic control room suitable for 
stereophonic recordings. 

2.5.2. Arrangement types 
 
Nowadays the  EBU and the ITU have made recommendations wherein the position of the loudspeaker towards 
the listening position is given [18] [23]. Figure 38 shows a reference loudspeaker arrangement with loudspeakers 
left, centre, right and the left and right surround loudspeakers. In the subsequent part of the paragraph the most 
important arrangements will be discussed in more detail. 
 
2.5.2.1. Stereo loudspeaker arrangement 
 
The minimum loudspeaker arrangement in a control room is the two channel stereo arrangement. According to 
the recommendations of both EBU and ITU the loudspeakers should be placed with respect to the listener in an 
arc of 60°. Research showed that an increase of this arc distorts the localisation of the soundsource and the 
creation of the sound image.  
Because the loudspeakers have to be located symmetrically in order to create a stable sound image this results 
for every control room in a typical equal-sided triangle between the loudspeakers and the design engineer 
position (see Figure 36).  
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A

 

Figure 36 : Example of the typical listening triangle. [Courtesy: Balster, 2001] 

 
As can be seen in the figure above, the third corner of the triangle, indicated with an A, is behind the designed 
engineer position. This is a doubtful issue. There are designers who insist on having the triangle behind the 
engineer while in that situation most of the perceived sound is direct energy which is higher in level than the 
reflections. This should overcome problems like comb filtering or losing the definition in the sound image.  
 
On the other hand there are designers who prefer to have the third corner at the engineer position. In chapter 1 it 
was already revealed that time- and level differences between the loudspeakers are very important in the 
perception of the loudspeakers. The optimisation of the time and level differences in the given loudspeaker 
arrangement only works for the median plane between the loudspeakers. Thus, in case that there are more 
listeners in the room, they should be positioned behind each other in a line so that they all can have a good sound 
image. By level and time differences the optimum listening area can be enlarged. As Franssen [54] suggests, the 
listeners should be placed behind the on-axis lines of the directed loudspeakers. (See Figure 37)  
 

 

Figure 37: Loudspeaker configuration proposed by Franssen. [After: Franssen, 1962] 

 
When people move to the right in this loudspeaker arrangement for instance, this implies an increase in level 
from the right loudspeaker and a decrease of the left loudspeaker. On the other hand the time difference between 
the loudspeakers increases. This should result in a more stable sound image.  
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Figure 38: Loudspeaker arrangment according to ITU. [From: ITU 775-1, 1994] 

 
Besides the angle between the loudspeaker and the engineer also the distance with reference to the listener has to 
be determined. The EBU recommends a distance between the loudspeakers of 2.0 to 4.0 meters. Therefore the 
distance perpendicular on the axis between the loudspeakers (h in Figure 39) should be 90% of the distance 
between the loudspeakers, so 1.8 to 3.6 meters.  
 
 

h

 

Figure 39: Typical stereo listening arrangement. [From: EBU, 1997] 

 
Table 5 shows the results of an investigation by Mäkivirta and Anet [53] in which they examined among others 
the in situ arrangements of loudspeakers in control rooms. As the table shows the results agree very well with the 
EBU and ITU recommendations. The average distance between the listener and the left and right channel with 
respect to the listener in a stereo loudspeaker arrangement is 2.36 to 2.39 m. In the case of an extra centre 
speaker the average is 2.66 meters.  
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Table 5 : Mean listening distances in meters of individual channels for left-right stereo rooms, left-center-
right triplet rooms and five-channel full surround rooms. [After: Mäkivirta and Anet, 2001] 

 
Channel Stereo 

N = 79 
L/C/R4 
N =15 

5-channel 
N = 8 

Left 2.36 2.66 2.68 
Center  2.66 2.71 
Right 2.39 2.66 2.71 

Surround left   2.70 
Surround right   2.69 

 
 
2.5.2.2. Multi channel loudspeaker arrangement 
 
Based on the film industry, the multi-channel loudspeaker arrangement in control rooms has become more 
important during the last 15 years. Companies like Dolby and Lucasfilm (THX) started with the application of 
surround sound. Later on also the music industry started producing surround sound products, however the main 
application for surround sound applications is still the film industry.  
 
Based on the necessity for surround sound the ITU and EBU have also set up recommendations for this type of 
loudspeaker arrangements [19],[23]. As can be seen in Figure 40, the rear loudspeakers should be placed within 
an arc of 100° to 120°. If there are more than two rear loudspeakers used, the loudspeakers should be placed 
symmetrically and on equal distances between an arc of 60° to 150° [23]. 
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Figure 40: Loudspeaker arrangement if more than 2 rear loudspeakers are used [From: ITU 775-1, 1994] 

 

                                                           
4 L/C/R refers to Left – Center – Right loudspeakers. This extra center loudspeaker is obtained from the film industry where 
it is used for dialogs. 
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As can be revealed from the figure above, the loudspeakers are placed in a circle. The radius of this circle is 
determined by the described equal-sided triangle in the previous paragraph about stereo loudspeaker 
arrangements. The placement of the front left and right loudspeaker is the most important for the creation of a 
correct sound image. The rear ones are necessary for the ambience, surround or spatial impression.  
Although it is recommended to arrange all the speakers on a circle, as a consequence of the geometry of the 
room it is sometimes impossible to arrange the loudspeakers on a circle. To overcome this problem it is generally 
recommended to insert a delay on the output of the different channels [19] [23]. As a result the speaker moves 
virtually backwards with respect to optimised listening position. The length of the delays should be so long, that 
the loudspeakers again will be perceived as they were placed on a circle. 
Instead of virtually replacing the loudspeakers by adding a delay, this can also be accomplished by changing the 
balance between the loudspeakers. For example a loudspeaker which is placed too far away from the circle could 
be increased in level whereby the speaker virtually moves towards the circle.  
 
Although it is generally recommended to insert time delays if the speakers cannot be arranged on a circle, in 
actual practice it appeared that increasing the angle of the loudspeakers with respect to the centre plane shows 
better results than adding delays [52] [55]. 
 
 
2.5.2.3. Low frequency loudspeaker placement  
 
In the past a lot of research has been performed regarding the placement of the low frequency loudspeaker. As 
this loudspeaker is effective in the lower part of the frequency spectrum, the subwoofers easily activate the 
eigenmodes in a room. Moreover the interactions of a room and loudspeaker is often the dominant factor in the 
perceived timbre, especially at low frequencies [56]. 
 
A recent examination [57] aimed at finding out how many subwoofers should be enough to have an equal as 
possible frequency response in a 4 x 4 matrix. For this purpose a virtual rectangular room was used with infinite 
rigid walls. Based on measurements in a virtual and an actual room, it appeared that two loudspeakers placed on 
both sides of the median plane should be a minimum but four, i.e. in the middle at each side of a rectangular 
room, is given as a rule of thumb.  
 
In actual practice it appears that the subwoofer is not used very frequently. Moreover, most of the time it is only 
used during the final listening tests of a recording, while during the mixing procedure only the satellite 
loudspeakers are used. As the subwoofers are not used that often and keeping in mind that these are relatively 
expensive, it appears that in most cases people are satisfied with only one subwoofer.  
 
In many cases this subwoofer is placed on the median plane, below the centre loudspeaker in front of the 
engineer. As the LF-loudspeaker easily activates roommodes, it is possible that the engineer is just located in a 
node of an axial mode which distorts the frequency response at the engineer position. Therefore it should be 
better to place a subwoofer off-axis with respect to the vertical median plane. When a subwoofer activates in that 
situation an axial roommode it will not be on the engineer position. It still might be possible however to have a 
tangential mode at the engineer position, but this has a 3 dB lower level relative to an axial mode and is therefore 
less detrimental.   
 
 
2.5.2.4. Height of the loudspeakers 
 
To avoid troublesome reflections from the console (see Figure 41), equipment racks etc. the height and 
contorting of the loudspeakers is important. Therefore it is important to be fully aware of the way the reflections 
act in the room and consider these in the design.  
 
 

 

Figure 41: Console reflection 
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To achieve optimum monitoring conditions it is generally recommended to locate the acoustical centre of the 
loudspeakers at ear height. Normally this is 1.2 m. The ITU recommends that the front loudspeakers should be 
placed on ear height, while the rear speakers might be placed above this height. However, if the on-axis line has 
to be directed towards the listener, the loudspeaker has to be tilted. The maximum tolerated tilt of the surround 
loudspeakers recommended by the ITU is 15°.  
In contradiction, the EBU also allows tilting of the front loudspeakers, although they allow a maximum tilt of the 
front loudspeakers of 10°.  
 

2.5.3. Near field or wall mounted loudspeakers 
 
One of the primer issues a designer has to deal with is the question whether the room gets near field 
loudspeakers, wall mounted loudspeakers or both. In the case of near field listening the engineer is able to judge 
the recording more accurately because he is in the direct field of the sound. By using near field monitors the 
interaction between the walls is very important because of the speaker boundary interference problems. On the 
contrary, when using the wall mounted loudspeakers, the interaction between the room and the loudspeaker is 
less important regarding the speaker boundary interference but the loading of the loudspeakers by the wall is 
important, specifically at low frequencies. 
  

 

Figure 42 : Example of a control room suited for near field monitoring and using wall mounted 
loudspeakers. 

In actual practice it appeared that in most cases both near field and wall mounted loudspeakers are used. Only if 
the room is too small only near field loudspeakers are used. Therefore in general it can be stated that when a 
control room will be equipped with wall mounted loudspeakers the design should be optimised for these.  
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3. Design philosophies 
 

3.1. Introduction 
 
Over the years a number of different approaches in designing control rooms have been proposed. The early 
control rooms were aimed to be a representation of the average final listening environment. When the 
stereophonic reproduction started also the problems with the early reflections became apparent. To control these 
early reflections a lot of absorption was applied in the control rooms which resulted in acoustically ‘dead’ rooms. 
Around 1980 there were concepts with a less uniform distribution of the acoustical materials. At present, at the 
beginning of the new millennium the control rooms have to be suited more often for multi-channel 
reproductions.  
This chapter is aimed to give an overview of the different approaches over the years. Some of the approaches are 
still applied, or improved designs have been derived from the original approaches. The most important 
approaches will be discussed in greater detail.  
 

3.2. Horn coupled soffits – Putnam  (1960)  
 
The early control rooms were very small and only suitable for monophonic recording. Therefore in these control 
rooms the placement of loudspeakers was not important. At least, it was not considered to be important. In the 
early days a few attempts were made to find out which loudspeaker placement was the best for stereophonic 
sound reproduction, as discussed in paragraph 2.5.1.  
 
Being aware of the problems related to stereophonic sound reproduction, Putnam was one of the first who tried 
to develop a concept for the design of control rooms suited for stereophonic sound reproduction. Essentially, his 
concept is based on the integration of the loudspeakers with the control room layout. In 1959 he started a new 
direction with the United Recording Corporation studios in Hollywood [58]. Here the monitor loudspeakers  
were placed under a soffit to accommodate the transition from monaural to stereophonic recording. This resulted 
in an increase of the radiation efficiency of the loudspeakers.  
 

 

Figure 43 : Loudspeaker lay out of the United Recording Corporation control room. [From: Putnam, 
1960] 

Later, in 1981, the concept was further evolved. To attain a larger listening area he moved the console back from 
the traditional location against the observation window (see Figure 44).   
The movement of the console backwards introduces low frequency anomalies and a new travelling path under 
the console. Putnam realised this and in order to solve these problems he emphasised on the placement of the 
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loudspeakers. An increase of the radiation efficiency would result in a reduction of the cone excursion. Hence, 
there should be less low frequency distortion, a better low frequency linearity and a reduction in power needed 
by the amplifiers.  
 
This resulted in a typical horn coupled space to attain a larger optimum listening area. These large horns should  
increase the efficiency between electrical input and acoustical output of the loudspeakers, extend the lower 
frequency limit and improve the response in the amplitude and time domain [59].  
 
The figure below shows a typical horn and room geometry. 
 

Cross section

Plan view

Front view

 

Figure 44 : Horn and room geometry [After: Putnam, 1981] 

 
As can be seen in the figure, the horn shape is extended to the console. For optical reasons this is done with a 
transparent material. Furthermore, this should optimise the area between the horn and console.  
 
The horn coupled control rooms resulted indeed in a high efficiency of the loudspeakers, which implied that 
certain pressure levels could be obtained with lower amplifier power and lower cone excursion [60]. But a more 
important result of the horn coupled room is the increase in optimum listening area compared to conventional 
rooms. 
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Figure 45 : Two views of the integrated horn according to Putnam’s approach. Compared to Figure 43 the 
evolution of the concept is clearly visible. (United/Western Studios) [From: Putnam, 1981] 

3.3. Inert room approach – Veale (1973)  
 
One of the first who directly linked psychoacoustics to the design of a control room is Edward J. Veale. In 1973 
he presented an article in which he emphasised the importance of a well built up sound image in our brains [61]. 
Veale’s approach is to create an inert room. In this type of room the sound of the loudspeaker is interpreted by 
the ear without any influence of the room.  
 

3.3.1. Design criterion 
 
According to Veale the objective in the acoustic design of a control room should be to create an inert room. This 
implies that the room acoustics should be designed so that the information radiated by the loudspeaker is 
interpreted by the sensory system of the listener in such a way that no addition or subtraction is made by the 
room to the sound picture [61]. In this respect, consideration has to be given to the auditory system and the 
acoustic materials.  
 
3.3.1.1. Auditory system 
 
In addition to the direct sound the listener requires to receive one or more reflections of the original sound in 
order to be able to form a complete sound image. Therefore the original sound in combination with a number of 
reflections which have a certain relationship to the original signal are required [61].  
According to Veale, the reflections which arrive within 8 ms do not serve any purpose as they are integrated with 
the direct sound. Reflections arriving between 10 and 70 ms after the direct sound are useful to create a sound 
image, and the reflections which arrive after 80 ms introduce coloration of the sound image.  
 
Besides the temporal aspects of the reflection, also the number of reflections is important, because when there 
are not enough reflections in a control room, the resulting sound in a domestic room will have too little 
reverberant content. On the other hand if there are too many reflections in the control room, the resulting sound 
in a domestic room will have either too much reverberation or an incorrect texture. In general it can be said that 
4 to 7 reflections are necessary to create a stable sound image.  
 
Based on the previous considerations and experiments he concluded that between four to seven reflections are 
enough for the brain to form a complete sound image. Furthermore the first reflection should arrive at the ear 
between 10 and 15 ms after the direct sound and should be 4 to 6 dB lower in level. The remaining reflections 
should be reasonably evenly spaced along the time scale up to a point between 50 and 70 ms after the direct 
sound, whereby the envelope of the reflections should have a slope which agrees with an reverberation decay of 
0.17 s. In the figure below these considerations are conceptually presented.  
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Figure 46 : Graphical presentation of the relationship between the original sound and it's reflections 
[After: Veale, 1973] 

 
3.3.1.2. Materials 
 
Besides the human hearing system, also attention should be paid to the used materials. In his approach Veale 
states that to achieve an acoustically neutral environment the absorbing materials used should be in themselves 
neutral so that they have no reaction to their function. In this respect he advocates the use of passive materials 
instead of reactive absorbers because these would introduce undesired non-linear modification. I.e. when a 
reactive material is used, it will reradiate sound in the room which is not directly related to the original sound 
and not necessarily complimentary to the direct sound from the monitoring loudspeakers or to the reflection 
pattern within that room [61]. 
As a passive absorber he prevails dissipative absorbers like mineral wool or curtains. Membrane absorbers and 
Helmholtz resonators are typical reactive absorbers and therefore not prevailed. The only reactive absorber 
which could be used is the bass-trap. This absorber, based on the ¼l  principle, gives back so little energy, that it 
is permitted [60]. 
 

3.3.2. Design procedure 
 
The design procedure of a control room can be divided in three sections:  

- basic room problems 
- decor 
- acoustic environment 

 
In a design process the primary issue is to resolve the problems with the roommodes. The normal modes of the 
control room have to be calculated and properly solved by using absorption with appropriate dimensions to 
normalise the modes. The subsequent sections, decor and acoustic environment, interact with each other. The 
former one concerns decisions regarding the architectural design of the control room, the latter one focuses on 
the technical, i.e. acoustical, qualities of the room.  
 
After selecting the materials, the final stage can be entered. This involves the correct placement of the materials 
in the room. In this stage the position of the engineer, console, loudspeakers, equipment racks and other furniture 
has to be taken into account.   
 
In his approach Veale states to provide low frequency reflective surfaces in the vicinity of the monitor 
loudspeakers against which the loudspeakers should be placed to support low frequency propagation. This 
should be applied to the part of the room between the monitor loudspeakers and the listening engineer which is 
considered as the area which should generate primary reflections. The remainder of the room should be treated 
with absorption, unless sufficient reflections exist.  
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Additionally Veale considered the number of occupants in the room to be important. When there are many 
occupants, the ones near the loudspeakers will shield the occupants at the rear from some reflections. The shape 
of the ceiling should therefore be optimised as a reflector. This has the additional advantage that the reflections 
of the wall can be ‘polluted’ by the placement of equipment in front of the wall, while the reflections of the 
ceiling will be unaffected.  
 

3.4. Horn coupled room – Rettinger (1977) 
 
After noticing the importance of control rooms as places where numerous sound tracks are mixed, Rettinger has 
published a few papers [62], [63] and a book [64] in which he shares his ideas of constructing a control room.  
Besides room acoustics he also paid attention to the frequency characteristics of the loudspeakers, background 
noise and sound insulation of the control rooms. As this is beyond the scope of this theses, in the subsequent 
paragraphs the focus will only be on the room acoustical issues of his approach.  
 

3.4.1. Shape of the room 
 
According to Rettinger the plan view of a control room should essentially not be rectangular but trapezoidal or 
quasi so [63]. That is, following Putnam, the frontal sidewalls should not be parallel but have a slanting linearity 
or be curved like a horn, and be constructed of reflective panels. Because normal modes are a natural 
phenomenon, this geometry of the front half of the room tends to avoid the coincidental reinforcement of normal 
modes. In the figure below this concept of constructing a control room is presented in a design recommended by 
Rettinger.  
 
 

(a) (b)

 

Figure 47 : Recommended design; (a) plan view, (b) cross section. [From: Rettinger, 1977] 

 
As the figure shows, the room is more or less horn coupled. This results in more sound energy being directed 
forward to the engineer which should increase the accuracy in building up the sound image. Besides, this also 
increases the low frequency loading of the loudspeakers.  
In the cross section the room should be reflective between the loudspeakers and the console. As can be seen in 
Figure 47 also the ceiling is acoustically shaped. Rettinger calls this a tier-drop-ceiling. Similar to the frontal side 
walls this should also direct the sound more towards the engineer to increase the accuracy of the sound image. 
He notes that if the slope of the ceiling was parallel to the slope of the console the ceiling should be absorptive to 
avoid the occurrence of standing waves between the console and the ceiling.  
 
The rear wall of the control room should have an abundance of sound absorption so that a minimum of the first 
order reflections will be returned to the engineer. According to Rettinger these reflections will disturb the 
balance of the engineer.  
In order to achieve a proper reverberation time the side walls and the ceiling at the rear of the control room are 
moderately absorptive. I.e. the highly absorptive rear wall has to be taken into account.  
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3.4.2. Reverberation time 
 
In contradiction to Veale (1973) and contemporary approaches by Davis (1981) and d’Antonio (1984) who are 
focussed on the contribution of the specular reflections and our subjective impression, Rettinger is more 
focussed on the reverberation time.  
 
As stated before, Rettinger’s approach is aimed at constructing a control room which is acoustically as neutral as 
possible. Regarding the reverberation time he therefore prefers a flat reverberation curve. Normally, i.e. in large 
room acoustics, there is a low frequency increase in the reverberation time. This low frequency increase gives an 
unwanted boost which should be avoided. The optimal reverberation time for a control room is formulated by 
Rettinger as 
 

(21) ( ) 15.0log15.0 -= VT  
 
where T is the reverberation time in s and V is the volume of the room in ft3. To translate this formula to cubic 
meters the volume V must be replaced by 35V. 
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Figure 48: Relationship between the volume of the control room and the preferred reverberation time 
according to Rettinger. 

 
Besides this relation between the reverberation time and the volume of the control room, he also presented a rule 
of thumb to define the volume of the studio based on the volume of the control room. The volume of a control 
room of a small studio, up to 5000 ft3 (142 m3), should be 20% of the studio volume. For studios between 5000 
ft3 (142 m3) and 50,000 ft3 (1,416 m3), a control room with a volume of 10% of the studio volume is suggested. 
For studios with a larger volume than 50,000 ft3 (1,416 m3), the volume of the control room should be 5% of the 
studio volume [62]. 
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Figure 49 : Volume of the control room vs. volume of the studio [After: Rettinger, 1960] 

3.5. Live-End-Dead-End (LEDE) approach – Davis (198 1) 
 
One of the first attempts in order to find a standardised objective approach for the design of a control room is 
found in the “Live-End-Dead-End“ (LEDE) concept. In this approach the initial time delay, psychoacoustic 
removal of directional clues belonging to the control room and the control of early reflections are included. 
There exist a number of publications about the approach ([65] to [73]). As this is still one of the mainstream 
approaches the concept will be profoundly elaborated in the next paragraphs. 
 

3.5.1. Background of the approach 
 
3.5.1.1. TEF measurements 
 
The beginning of the LEDE concept starts with the development of the Time-Energy-Frequency (TEF) analyser 
by Heyser. The TEF-system provided a three-dimensional view of the acoustical environment because it added 
the dimension time which was missing in measurements until that time. Since then it is possible to analyse the 
direct, early and reverberant sound fields separately.  
 
For the LEDE concept the most valuable viewpoints are the Time Delay Spectrometry (TDS) and Energy Time 
Curve (ETC) measurements. By means of TDS it is possible to look at the frequency spectrum of the direct 
signal or one (or more) of the reflections while excluding the rest of the energy in the room during a certain time 
interval. An ETC-plot shows the time – intensity relationship between the direct sound, early reflections and the 
reverberant sound.  
 
Extensive TDS measurements lead to the following elementary conclusion by Davis [67]: Due to differences in 
the path length between the direct and reflected sound, comb filtering is introduced (see paragraph 1.3.2.1). The 
smaller the path length difference, the shorter the delay between the direct and the reflected sound. Therefore the 
interval between the frequencies at which the cancellation occurs will be extended. Thus a larger delay time 
between the direct and reflected sound leads to a smaller frequency cancellation interval and the moreover the 
frequency anomalies will be more numerous.  
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Figure 50 presents the actual measurement data of Davis. The horizontal axis presents the frequency domain, the 
vertical axis the intensity. It is important to notice the increase in the number of comb filter periods.  
 

 

Figure 50 : Effect of comb filtering on the frequency response measured by Chips Davis. (a) direct sound, 
(b) path length difference between direct and reflected sound is 17 cm; (c) path length difference between 
the direct and reflected sound is 34 cm. [From: Davis, 1982] 

 
The awareness of the interaction between the direct sound and the reflections lead to Davis’ approach to make 
the front wall absorbing and the rear wall hard and diffuse. With an absorbing front wall interferes by the early 
reflections should be stopped. The hard and diffuse rear wall results in multiple delayed arrivals and therefore in 
multiple comb filters. However these multiple reflections will be smoothed out in the overall response while 
measured at the mix position [69]. 
 
3.5.1.2. Initial time delay gap 
 
The initial time delay gap (ITD) was originally introduced by Beranek [74]. The ITD is defined as the time 
between the direct sound and the first significant reflection at the ears. Significant refers to the first reflection 
whose level approximates that of the peak of the exponentially growing and decaying reverberant sound field 
[10]. Because a small room does not have a reverberant sound field, the reflection of interest is the first reflection 
within 6 dB of the highest level reflection. Figure 51 shows an idealised ETC-curve which clarifies this.  
 

 

Figure 51 : Idealised Energy Time curve (ETC) of a LEDE control room. [From: Davis, 1979] 

 
The larger an acoustic enclosure, the larger the ITD. When the control room is smaller than the recording room, 
the ITD of the studio will be longer than the ITD of the control room. As a result the early reflections of the 
control room will mask the ITD of the studio. Furthermore it is stated by Davis that the direction of the first 
significant reflection and the correct frequency content, i.e. containing the higher frequencies that provide the 
correct pinna cues, are important in order to determine correctly the ITD of the studio [73].  
 
In the LEDE approach one tries to let the direct sound arrive at the engineer’s ears unmarred by the control room 
surfaces because at geometrical frequencies, i.e. above the Schroeder frequency (see paragraph 2.3.2), it passed 
through an essentially anechoic space. Thus the directional information coming over the reproducing channels is 
still intact [65] [68]. To insure this, the primary goal in a LEDE control room is to insure that the ITD of the 
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control room is longer then the ITD of the studio, i.e. recording room. This allows the ITD of the studio to be 
fully reproduced in the control room.  
 
3.5.1.3. Haas zone 
 
The Haas effect describes the insensitivity of the ear for reflections arriving with delays between 10 to 20 ms 
after the direct sound (see paragraph 1.3.3.1). The ability of the ear to fuse the sounds allows us to blend the 
direct sound, early reflections and reverberation into one percept [73].  
In one of the first LEDE control rooms the presence of the Haas effect was recognised by serendipity. While 
examining the room the listeners turned their heads towards the rear wall and it appeared that the diffusion was 
not audible. It appeared that these reflections were in the Haas-zone.  
 
3.5.1.4. Frequency analyses 
 
In the figure below again the plot of an idealised frequency response is presented. The key in this graph is the 
critical frequency. This is the frequency at which the wavelength is roughly comparable to the smallest 
dimension of the room. It can be approximated by 
 

(22) 
min

3
d

c
fc =  

 
where c is the velocity of sound in m/s and dmin the smallest room dimension in meters.  

fc/100 fc 4fc

 

Figure 52: Design graph of Bolt, Beranek and Newman for the determination of the critical frequency fc. 
[From: Davis and Davis, 1996] 

 
The figure distinguishes four different stages, i.e. the pressure zone, normal modes zone, diffusion zone and the 
absorption zone.  
Assuming perfectly reflection of the standing waves, in the pressure zone, that is below fc/100, the sound energy 
that encounters energy with a room boundary is adding up 6 dB. Between fc/100 and fc there are normal modes. 
Here a movement of the head can introduce major differences in sound pressure level at the listener’s ears. 
Because at these frequencies the type of absorption will be ignored, the outer shell of the room should be solid, 
rigid and asymmetric. In the case of a too small volume also bass traps can be added.  
Subsequently the interval between fc and 4fc is called the diffusion zone. The frequencies in this area are quite 
difficult to absorb and should therefore be diffused so that there will be a high density of closely spaced 
reflections at the listeners ears. Above 4fc the frequencies can be compared to rays of light. Generally these 
frequencies should be properly absorbed.  
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3.5.2. LEDE control room criteria 
 
Based on the previous considerations in combinations with a proof by means of TEF measurements a LEDE 
control room should satisfy to the following criteria [68]:  
 

1. There is a low-frequency asymmetrical outer shell, free of pronounced resonances at low 
frequencies. This shell is large enough to allow the development of bass frequencies. 

2. There is a symmetrical inner shell. The cross over frequency between the outer bass shell and the 
inner geometric frequency shell is  

 

min

3
d

c
fc =  

 
where c is the velocity of sound in m/s and dmin the smallest room dimension. 

3. There is an effectively anechoic path between the monitor loudspeakers and the mixer’s ears which 
extends for at least 2 – 5 ms beyond the studio’s initial time delay gap. 

4. There is a highly diffused (at geometrical frequencies) sound field present during the initial onset of 
the so-called Haas effect. 

5. The monitor loudspeakers microphone technique and mixing console do not “mask” the desired 
anechoic path from the monitors to the listener, including the period beyond the monitor to the ears’ 
physical distance (2 – 5 ms longer than the ITD of the studio) . 

6. No early early sound (EES) is present. This is the sound that arrives at the mixer’s ears ahead of the 
direct sound travelling through the air. EES occurs e.g. when monitor loudspeakers are not shock 
mounted and therefore radiate through the structure and reradiate in the air, usually from the 
ceiling, near the listener.  

7. The hard-surfaced rear wall, rear side walls, and rear ceiling are spaced to provide interwoven 
comb filter patterns which become a high-density early sound field without measurable anomalies. 

 
After publication of the original article in 1980, several workshops were held concerning the LEDE criteria. As a 
result of the Nashville workshop, the criteria were extended [70]: 
 

8. Proof by means of an ETC that the ITD of the control room at the engineers position will be at least 
3ms longer than the ITD of the studio. 

9. Proof by means of an ETC that there are no reflections due to the front of the mixing panel (so 
called clutters) which arrive at the engineer’s position and have a level difference of less than 20 dB 
with respect to the direct sound. 

 
The absorptive area in the front of a LEDE room eliminates early reflections and phase related problems with 
early reflections. In addition herewith it is possible to control the ITD. By constructing the rear wall as diffusive 
as possible, the high level rear wall reflections are psychoacoustically cancelled while providing natural 
ambience [66]. 
 
It has to be noted that the LEDE criteria essentially do not require a certain room layout. By making the front 
half of the room absorptive and the rear wall reflective an example of how to meet the criteria is given. The only 
requirement made in the LEDE approach is that the quality of the control room has to be proven by means of an 
ETC plot which should meet the requirements given above.  
 

3.6. Reflection Free Zone (RFZ) approach – d’Antoni o (1984) 
 
Another method to achieve a LEDE control room was presented by d’Antonio in 1984 [75]. He proposes the 
creation of a Reflection Free Zone (RFZ) by flush mounting the monitors as close to a triangular corner as 
possible and splaying the absorbent side walls and ceiling to minimise interference reflections at the mix position 
at the dead end. The live end is achieved by positioning Schroeder-diffusors in the rear wall so the energy 
returned will be temporarily and spatially diffuse.  
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3.6.1. RFZ design method 
 
The key factor in this approach is to generate a RFZ where the predominant energy comes from the monitor 
loudspeakers by reducing the contribution of the virtual images at the listeners position. This can be 
accomplished by baffling or splaying walls to reduce the number of sources at the mix position, or by increasing 
the amount of absorption [75]. Because at certain frequencies non specular reflections, i.e. frequencies above fc, 
occur with a large amount of energy, reflection control as well as absorption are both useful.  
 
Low frequency problems do not only depend on the roommodes and their contribution to the frequency response 
at the listener’s position, but also on the speaker boundary interference response (SBIR). This is well 
documented by Berger [76]. The essence of his article is that when a loudspeaker is placed at a certain distance 
from a wall the backwave will interact with the radiated sound by the loudspeaker. This results in anomalies in 
the frequency response. To get more insight into the SBIR the loudspeaker can be visualised as a real source in 
combination with the image sources (see Figure 53 (a)). In Figure 53 (b) it is demonstrated that by optimising the 
interaction between the loudspeakers and the walls the strength of the anomalies in the frequency response can 
be reduced. 
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Figure 53 : Concept of a real source and its virtual images (a); By optimising the placement of the 
loudspeaker the speaker boundary interference can be reduced (b) [From: d'Antonio, 1995] 

 
When an orthogonal geometry is considered there can be imagined eight sources. One real source and seven 
virtual source. In figure (a) below the real source is presented with the black dot. The virtual sources in the plan 
view are represented with the open dots. In the z-direction (not drawn) there are another four virtual sources. 
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Figure 54 : Concept of reducing the image sources by splaying the walls. The black dots present the real 
sources, the white dots the virtual sources.  
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When the walls are splayed 120°, figure (b), the number of sources is reduced from eight to six. Again, the three 
virtual sources in the z-direction are not drawn. If in addition the monitors are flush mounted in rigid baffles, 
with the acoustic centre on the 120° bisector, the virtual sources are obscured from contributing at the listeners’ 
position and an RFZ is created [75].  In the figure below the creation of a RFZ is worked out for the plan view of 
a control room. The circles refer to the left loudspeaker and its virtual sources, the rectangles to the right 
loudspeaker. The actual RFZ is hatched.  
 
 

 

Figure 55 : Example of a control room with an RFZ. [After: d’Antonio, 1984] 

Besides applying to the plan of the control room, the same methodology can be applied in a cross sectional view 
of the control room. By inclining the wall and ceiling the RFZ can be increased in this view.   
 
As this method is an extension of the LEDE concept, all the walls in the front half of the room are absorbent. 
The energy which crosses the live end of the room will be returned from the rear wall. The temporal and spatial 
distribution of this returned energy at the engineer position is important. By arranging the rear wall properly in 
combination with the proper diffusion this can be accomplished. The diffuse sound energy arrives back at the 
engineer position after an initial time delay (ITD), spread in time and spatially distributed across the entire width 
of the console [75]. It is proposed to use high quality Schroeder diffusors in this area because of their convenient 
practical application and their frequency responses, although proper alternatives can also be applied.  
 



 Design philosophies Chapter 3 

 60 

 

Figure 56 : Typical LEDE control room according to d'Antonio's approach. (Acorn Sound Recorders, 
Hendersonville, Tennessee) [From: d'Antonio, 1984] 

 
3.6.1.1. RFZ in a surround sound studio 
 
Originally the RFZ was defined for a stereo loudspeaker arrangement whereby the diffuse sound zone basically 
acted as a passive surround [77]. A control room which is suited for surround sound has to have a good bass 
management in combination with a uniform boundary surface. Therefore the sharp, non natural transition 
between the absorbing and diffusing part of the control rooms is smoothed out in the more recent designs. This is 
done by proper absorption in the front, rear and ceiling whereby possibly some diffusion in the rear and ceiling is 
added [77]. 
 

3.7. Psychoacoustic approach – Wrightson (1984) 
 
Based on experimental data regarding the perception of temporal and directional characteristics of reflected 
sound Wrightson presented his design considerations. Generally the application of the data argues with the 
discrete, high amplitude laterally-opposed reflections which were in vogue at that time, i.e. Davis’ approach 
[78]. 
 

3.7.1. Background of the approach  
 
3.7.1.1. Psychoacoustic considerations 
 
The reliance on the instrumentation can lead to misguided conclusions. Measurements are mainly performed 
with omni-directional microphones. These can be seen as a model of a listener with his pinna cut off, lying on 
one ear and deaf on one side. When this type of measurements would be replaced by an artificial head with two 
microphones representing the ears, the signals will be delayed and attenuated relative to each other, spectrally 
shaped by the head, torso and pinna (see also Chapter 1). The result would be more in agreement with our 
perception of sound. This reduces the magnitude of the comb filter compared to a omni-directional microphone.  
 
In addition, the human auditory system is able to compare signals and interpret them. Therefore the acoustic 
sensation is not only determined by the comb filters presented by an analyser, but also by the tonal character, 
localisation shifts, memory etc. [78] This different way of processing the acoustic information between 
perception and electronic instruments, points out the importance of the engineer interpreting the data.  
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3.7.1.2. Application to control room design 

3.7.1.2.1. Height of the loudspeakers 
 
The auditory system is very sensitive to the vertical localisation of sound sources, especially in the front. Wrong 
alignment of the loudspeakers results in auditory confusion. E.g. when the high frequency driver of a 
loudspeaker is placed below the low frequency driver. With complex sounds containing frequencies above 7 
kHz, high frequencies are typically localised as ‘higher’ than low frequencies [79]. Therefore placing the 
loudspeakers upside down can lead to auditory confusion.  

3.7.1.2.2. Monitor spacing 
 
In the control rooms there is always at least a stereo set-up of loudspeakers. The distance between the 
loudspeakers depends on the adequate two-channel mono performance of the sound system and the architecture 
of the room [78]. When a mono program material is reproduced on the system, we interpret this as an integrated 
source. As a result of temporal patterns and instrumental characteristics, misalignment of the loudspeakers can 
lead to a saxophone be experienced as too wide for instance. Therefore loudspeaker misalignment also results in 
auditory confusion. 
 
As a solution for this problem Wrightson advocates the use of a centre monitor. This can be used for the mono 
program material. Furthermore as a result of this extra loudspeaker the speaker – loudspeaker – listener 
interaction will be less.  
 
In addition, the height of the loudspeakers with reference to the recording microphone is important. When a 
loudspeaker has an elevation which is higher than the elevation of the recording microphone, this can also lead to 
auditory confusion. For instance, when a loudspeaker is located 3 meters above the listener and the signal 
produced is recorded at a height of 1.5 meters, the information will be interpreted as that the signal has an 
elevation of 1.5 meters while it is emanated at say 3 meter above the listener.  

3.7.1.2.3. Room reflections 
 
According to the LEDE approach high amplitude, discrete reflections are desired in order to extend the Haas 
zone. Wrightson states that it was overlooked that the data upon which they based these criteria were generated 
with stimuli which were not appropriate in control rooms. Furthermore he states that the Haas zone aids 
interpretation to the location of the sources in rooms, rather than eliminating audible effects of any reflections 
[78]. Studies by Wrightson revealed that lateral reflections can be perceived, even when they are as much as 30 
dB lower in level relative to the direct sound. 

 

 

Figure 57 : Concept of contra-lateral reflections. [After: Wrightson, 1986] 

 
Another issue Wrightson criticises is the issue of contra lateral reflections because they have consequences in 
changing the localisation (see Figure 57). Normally a sound perceived by the ears is spectrally shaped by the 
pinna, torso, distance etc. This aids to the localisation of the sound signal. According to Wrightson the 
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introduction of a similar signal with different characteristics, i.e. a contra lateral reflection, will alter the 
perceived localisation.  

3.7.2. Design criteria  
 
As a result of the preceding considerations Wrightson formulated new design criteria. These ought to help 
eliminating acoustical aberrations that can provide cues to the perception which may be in variance with 
information provided by the studio audio system. The criteria given by Wrightson are [78]: 
 

1. High amplitude, discrete reflections should be avoided by optimisation of room geometry and 
finishes. These reflections create audible degradation of  the signal, regardless of the location of the 
reflecting surface.  

 
2. The integrity of the direct sound field must be maintained. This means reduction in level and 

number of early reflections from monitor shelves, mixing consoles, equipment racks, etc. This 
effort is enhanced by keeping the vertical and horizontal displacements of the monitor speakers at a 
minimum to reduce pinna time delay and cross-sensory cues that result in imprecise localisation.  

 
3. Some acoustic energy must be returned to the listening position to ensure user acceptability and 

psychological references for existing facilities. This is best accomplished by providing an 
extremely uncorrelated, homogeneous sound field in both time and frequency domains throughout 
the listening area. This provides a comforting sense of the room for listeners unfamiliar with semi-
anechoic conditions. This highly diffuse acoustical energy should exhibit no spectral peaks of more 
than 3 dB when measured in 1/3 octave bands and 6 dB for single frequencies, and should be on 
average at least 15 dB lower than the direct signal.  

 
4. Monitor loudspeakers should be located in the vertical plane in a position consistent with typical 

microphone and instrumental locations.  
 
5. Provisions should be made for single-centre speaker for monitoring of single-channel (true mono) 

program material.  
 

3.8. Controlled Image Design (CID) – Walker (1993)  
 
In 1993 Walker presented a concept he called Controlled Image Design (CID). Herein the redirection of the early 
reflections in the vicinity of the listener is important to improve image sharpness and make the stereo effect less 
room dependent [81].  
The key factor in this concept is the use of non absorbing surfaces whereby the designer is not restricted any 
longer to a certain amount of absorption in the room. Therefore the reverberation time can be increased which 
leads to a more natural environment.  
 
The proposed criterion as a target objective in the CID-method is 20 ms and –20 dB [81]. That is, at a listener 
position no sound energy can be within 20 ms with levels higher than –20 dB relative to the direct sound. Based 
on the work carried out in a prototype room, this criterion was later set to 15 ms and –15 dB [80].  
 

3.8.1. Design methodology 
 
Starting with an empty shell and a traditional triangular loudspeaker – listener layout, it is tried to position the 
reflecting surfaces so that they will not reflect in the direction of the listening position. As a simplification there 
are considered only two projections, i.e. plan and elevation. This constrains the  reflecting surfaces to be parallel 
to one of the principal axes of the room [80].  
 
The first step is to specify the listening position and listening area. Although this is geometrically trivial, 
acoustically there will be some scattering reflections due to diffraction effects. Therefore a zone around the 
listening position has to be set where the effects should meet the criterion for all the frequencies. Accordingly a 
circle is drawn into which no first-order reflections will pass (see Figure 58). In reasonably sized rooms circles 
with a diameter of 2.5 to 3.0 meters are feasible [81]. 



 Design philosophies Chapter 3 

 63 

 

 

Figure 58 : Plan view with positions of constant tangential reflections. [From: Walker, 1993] 

 
Subsequently a series with the positions of the reflector critical angles has to be found such that any reflection is 
tangential to the circle. As this is a time consuming process he developed a computer program for this purpose.  
 
The curved surfaces as found by the program are not convenient in actual practice. Therefore the curved 
positions are only used as guides to construct planar surfaces. These final flat surface has to be, in a worst case 
situation, just tangential to the positions to the circle around the listening positions. The transition occurs in 
steps. In order to reduce the reverberation time, the transition steps are filled with acoustically absorbing 
material. Figure 59 presents this implementation. 
 

absorption

 

Figure 59 : Curved positions are replaced by flat planes. [From: Walker, 1993] 

 
Finally attention has to be paid to the rear wall. The first reflection arriving at the listeners position is coming 
from the rear wall. These reflections have to be attenuated and diffused. When the path distance of the reflection 
is approximately 4.5 m longer relative to the direct sound the reflection is already attenuated –10 dB5 [80] [81]. 
Therefore it is not necessary to install large amounts of absorption in the rear wall. Moreover it is not necessary 
to use elaborated diffusion such as Schroeder diffusors while alternating acoustic treatment already gives 
adequate diffusion [81]. 
 
  
 
                                                           
5Assuming the distance between the loudspeakers and the listener is approximately 2 meter. 
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3.8.1.1. Extension for multi-channel control rooms 
 
A few years later the method was extended for multi-channel sound [82]. Herewith it is intended to let a control 
room design meet the criteria given by the ITU and the EBU recommendations. Moreover the CID-method has 
been simplified.  
 
In a regular shaped control room with six walls and a multi-channel set-up, e.g. with five loudspeakers, there are 
30 first-order reflections and 150 second-order reflections. As a first simplification the second order reflections 
can be ignored because these have already sufficient time delay and attenuation with the distance [82]. Therefore 
only the first-order reflections of the five loudspeakers which are visible in the listening area are of interest. By 
means of an image source model the most important reflections can be visualised. Figure 60 (a) shows a few of 
the first order reflections. As it reveals the most potential reflection points are clustered in relatively small areas 
on the walls.  
 

(a)   (b)  

Figure 60 : First-order wall reflections for half the room (a) and layout of reflecting panels and acoustic 
treatment, showing control of reflection from Left-Front loudspeaker. [From: Walker, 1998] 

 
Because absorption and diffusion cannot attenuate the reflections enough, the portions of the wall have to be 
angled in order to redirect the first-order reflections away from the main listening area [82]. This results in a 
typical layout as presented in Figure 60 (b). 
 
 

 

Figure 61 : Control room of the BBC, constructed according to the Controlled Image Design-method. 
(BBC’s broadcasting House) [From: Walker, 1994] 
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3.9. Surround Sound approach – WSDG (1999) 
 
Initiated by the film industry surround sound has also become more common in the audio industry. Nevertheless, 
profound approaches which present a concept or guideline for the design of control rooms suited for multi-
channel reproduction are scarcely available at the present.  
One of the few who have made a set of guidelines for the design of surround sound control rooms is WSDG. 
They have made an examination of the ITU and EBU recommendations and defined design goals for surround 
sound environments. In the next paragraph their practical additions to the ITU and EBU recommendations will 
be outlined.  

3.9.1. Design goals for a surround sound control room 
 
A properly equipped surround sound control room consists of at least five loudspeakers, i.e. left, centre, right, 
surround right and surround left, plus a low frequency loudspeaker. In larger rooms any even number of 
surround loudspeakers is acceptable, and provide a larger, more optimum listening area.  
 
In their approach WSDG prefers to flush-mount the loudspeakers. This has a couple of advantages, i.e. reduction 
of the speaker boundary interference problems, improvement of the low frequent radiation and minimisation of 
the loudspeaker cabinet edge effects [84].  
If free standing loudspeakers are used, it is important that these are pointed towards the listener. In addition, the 
use of anti-vibration mounting equipment is recommended.  
 
Besides the loudspeakers also the reverberation characteristics are considered. In stereophonic control rooms 
designed according to the LEDE approach, it is desired to attain a gap between the direct and reflected sound of 
15 to 20 ms. In their surround sound approach WSDG advocates that this gap should be the same for all the 
loudspeakers, i.e. the front loudspeakers as well as the rear loudspeakers. Therefore the LEDE concept is slightly 
modified.  
Extending the original LEDE concept there should be additional absorption behind the surround sound locations, 
of course only if the loudspeakers are not flush mounted. Furthermore, to prevent uncontrolled reflections 
patterns in time and space heavy absorbing material should be placed on the walls facing the surround 
loudspeaker, on-axis of the surround loudspeakers. The application of a diffuse rear wall is still recommended to 
give the room its natural ambience.  
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4. Room acoustical measurements 

4.1. Introduction 
 
In this chapter the measurements which have been undertaken during the project are presented. Based on the 
previous chapters it can be concluded that the design approaches for control rooms differ significantly. Davis’ 
approach by qualifying a control room as a LEDE room only if it confirms to the ETC requirements given by 
him (see paragraph 3.5) can be seen as one of the first attempts to qualify a control room objectively. 
 
The measurements have been performed in control rooms which were designed by the known Dutch designers 
Alex Balster and Ben Kok. Both have been involved in numerous projects in the Netherlands but also abroad. As 
each of them has his own philosophy regarding the design of a control room, the chapter starts with an outline of 
their approaches towards the design of a control room. Subsequently general issues regarding the measurements 
will be outlined. The criterion made to use a control room for the project was quite trivial: the control room had 
to be designed according to a certain philosophy and has to be qualified as a good control room by the engineers 
who work in the rooms.  
After this general information regarding the measurements, the actual measurements will be discussed. The 
IACC and T30 will be related to control rooms. Furthermore the Bonello criterion will be verified by in-situ 
measurements.  
 

4.2. Design approaches of the control rooms under t est 

4.2.1. Suppression of the reflections – Alex Balster 
 
The designs of Alex Balster can generally be seen as a derivative of the design approaches of Michael Rettinger 
and Tom Hidley6.  
 
According to Balster his designs have to confirm to the following design goals:  

- Correct choice of the loudspeakers 
- Symmetrical room 
- Suppression of discrete reflections  
- Reverberation time 

 
4.2.1.1. Loudspeakers 
 
According to Balster it is important to start the design process of  a control room by primarily determining where 
the room has to be suited for. I.e. has it to be suited for popular music or classical music. This is necessary for 
the choice of loudspeakers and for the placement of the loudspeakers.  
 
After deciding the choice of loudspeakers, they are ‘located in the room’ in an equal-sided triangle, with 30° 
angles relative to the median plane. In the early days the loudspeakers were slightly inclined, and therefore the 
triangle should be a little, i.e. 7,5° inclined. Nowadays, he prefers placing the loudspeakers on level with the 
ears, i.e. at a height of 1.35 m. This should reduce the amount of unwanted reflections by the console.  
 
Another interesting thing to be noted is that according to Balster the engineer position should be inside the 
loudspeaker – listener triangle. The intention is to create a larger sweet spot.  
 
4.2.1.2. Symmetrical room 
 
For an optimum stereo image it is important that the room is acoustically symmetrical. It is emphasised that the 
room should be acoustically symmetrical, because the function of the rooms does not have to be symmetrical. 
For example, when a window is placed at the left side of the room, the right side of the room has to be 

                                                           
6  Tom Hidley is a known designer of control rooms and studios over the world, e.g. he is the designer of the known Dutch 
Wisseloord studios. However his approach is not very scientific and he is more a man of practice. Therefore he did not 
present any papers concerning his philosophy. Generally his approach is comparable to Rettinger’s approach. 
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acoustically identical. This can be achieved by using a mirror. Another example of acoustical symmetry is the 
example of the doors in a room. It is obvious that doors are needed in the control room, but generally one door 
for entering the room is enough. In order to create an acoustical symmetrical room therefore in the opposite wall 
also a door should be used. To make this useful the door can be used as e.g. as a closet or as a cloak room.  
 
4.2.1.3. Suppression of reflections 
 
According to Balster, reflections are detrimental to the stereo image, mainly returning reflections from the rear 
are undesirable. On the other hand some reflections from the front support the localisation, and stereo image. 
Therefore it is stated by Balster that the sound energy arriving at the engineer’s ears should be 80% direct sound, 
20 % reflected sound.  
 
To achieve this he constructs sandwich type sidewalls which have to absorb the low and mid frequencies, i.e. 
100 to 1000 Hz. Further, the rear wall is accommodated with high efficiency broadband absorption, i.e. 10 Hz – 
20 kHz. If necessary to control room modes or speaker boundary interference problems, the caves behind and 
next to the speakers can be used as bass traps.  
 
4.2.1.4. Reverberation time 
 
Generally a reverberation time of say 0.3 seconds is aimed at. It has to be noted that attention has to be paid that 
there will not be a flat reverberation-frequency curve. Actual practice learns the need to compensate for the ear 
curve and that the musicians ‘miss character’ if the room has a totally flat frequency response. 
 

4.2.2. Reflection control – Ben Kok  
 
Ben Kok has been involved in a lot of studio designs in the Netherlands and Belgium. The design of his studios 
and control rooms is strongly determined by the technical and physical aspects of the room and equipment used 
in the room, aesthetic considerations are left as much as possible to the project architect and/ or the client. 
Essentially his ideas of designing a control room can be seen as a side-branch of the LEDE and RFZ concepts. 
Apart from acoustic considerations, also the logistics are considered essential for a control room (room as a 
workspace). According to Kok, the acoustic design of a control should meet the following criteria: 
 
1. Suppression of the early reflections 
2. Loudspeaker independent design 
3. Even distribution of the roommodes over frequency and place 
4. Large sweet spot 
 
In the subsequent subparagraphs these criteria will be outlined in more detail.  
 
4.2.2.1. Suppression of the early reflections 
 
The first reflections are detrimental for the sound image. As a result of these reflections the localisation of the 
sound image can be ruined but also coloration of the sound image by the early reflections has to be avoided.  
This is achieved by elaborated application of the RFZ-concept as a further evolution of the LEDE approach of an 
absorbing front end of the room and a more live rear end of the room.  
Most of Ben Kok’s designs do not use Schroeder diffusors. The main reason for this is costs. The application of 
the commercial diffusors is relatively expensive, particularly for relatively small, low cost studios. Therefore 
Kok incorporates in his designs alternative, custom built diffusing elements, e.g. convex wooden surfaces. The 
inside of these elements are often used as ¼l -traps for low frequencies, something that would not be possible 
with commercial pre-manufactured diffusers..  
 
4.2.2.2. Loudspeaker independent design 
 
One of the main uncertainties a designer has to deal with is the choice of the loudspeaker. When a design is 
optimised for a certain pair of loudspeakers, replacement of them with a different type could be ill-fated for the 
quality of the room. By designing a loudspeaker independent control room, the uncertainty of unexpected effects 
due to replacement of the loudspeakers will be omitted. This guarantees the user as well as the designer a certain 
quality of the room. According to Kok, this approach is the best way of maintaining specific loudspeaker sound 
qualities, i.e. what you hear is the loudspeaker, not the room. In addition, the expected life-cycle of the room is 
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longer than that of the loudspeakers. Most likely during the existence of the room a number of different monitors 
will be used. 
Although the designs are monitor independent, the listening geometry is the basis of Kok’s designs. Therefore 
the position of the acoustical centre of the monitors, as well as the nominal listening position always are part of 
the design. 
 
4.2.2.3. Even spectral and spatial distribution of the resonance frequencies 
  
As been discussed in the earlier chapters the effects of the roommodes can be detrimental for the sound image 
and the general quality of the control room. A well balanced design regarding the low frequency behaviour of the 
room in the time domain as well as spectrally is therefore essential. Therefore it is stated by Kok that, within the 
working area, none of the resonance frequencies may resound dominant concerning other frequencies.  
 
4.2.2.4. Large sweet spot 
 
The effective workplace in a control room is known as the sweet spot. What exactly qualifies the sweet spot is 
not known at the present. However it is known that the sweet spot has to meet at least the criteria given above, 
i.e. suppression of the early reflections and an even distribution of the roommodes.    
According to Kok, it is beneficial that not only the engineer but also other attendants in the control room, i.e. 
producer, artists, etc. all have a proper sound image, although a higher reflection level is acceptable in the rear of 
the control room, which may compensate for the less than optimum stereo image for the attendants in that area. 
Therefore Kok aims at the sweet spot to be as large as possible. This involves not only the room dimensions, 
geometry of the room, and placement and type of acoustic treatment, but also the placement of the consoles, 
monitors and other large objects in the room.  
 

4.3. Control rooms under test 
 
During the project measurements were performed in six different control rooms. Three of them were designed by 
Alex Balster, three of them by Ben Kok. The control rooms under test are all subjectively qualified as good 
control rooms by the engineers and designer. In appendix III the control rooms under test are outlined in higher 
detail. Drawings of the control rooms are given in appendix IV. In the table below a summery is given of the 
most relevant technical data of the control rooms.  
 

Table 6 : Overview of control rooms under test. 

Control room  Soundbase JVPS Topsound Ferry &  
Garnefski 

Soundhouse  Byton 

Location  Groningen Enschede Enschede Amsterdam Schiedam Loos drecht 

Designer  Alex Balster  Alex Balster  Alex Balster  Ben Kok Ben Kok Ben Kok 

       

Floor area [m 2]  40 35 25 25 33 32 

Volume [m 3]  120 100 75 75 102 98 

Monitors (Trade)  Genelec Dynaudio Dynaudio Yamaha Tannoy Genelec 

Monitors (Type)  1031A M3.5 M2 NS-10M Super red 1036A 

Frequency range  42 Hz –  
22,000 Hz 

35 Hz –  
20,000 Hz 

35 Hz –  
20,000 Hz 

60 Hz –  
20,000 Hz 

 
 
 

 

Unknown 21 Hz –  
20,000 Hz 

 

4.4. Description of the measurements  
 
In control rooms the subjective experience is more important than the objective results of a measurement. This is 
one of the main reasons that there is measured not too much in control rooms. During the project the control 
rooms under test have been measured thoroughly with an omni directional microphone as well as a dummy head. 
The measurements in the control rooms have all been performed according to the same procedure. Therefore a 
grid was developed according to which all the control rooms were measured. This paragraph aims to explain the 
background of the measurements in higher detail. The technical specifications of the measurements are given in 
appendix V.  
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4.4.1. Measurement positions 
 
The measurement positions are set in a 5x3 matrix with an arbitrarily chosen spacing between the positions of 
0.5 m. (See Figure 62) The reference position of this matrix is position number eight, which agrees with the 
designed engineer position behind the console. I.e. this position is assumed to be 0.2 m behind the console. The 
measurements are performed on a height of 1.35 m. This is the average height of the ears when a person is 
sitting.  
 
As can be seen in the figure below, the positions 1 to 5 are located above the mixing console. These positions are 
justified as these positions can be compared to a person who is actually working, i.e. operating the controls etc. 
during the mixing process.  
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Figure 62 : Measurement positions; Position eight is the designed engineer position.  

 
It has to be noted that when it was not possible to fully apply the matrix in a room because of e.g. lack of space, 
the measurement positions have been omitted. So there was not deviated from the matrix. Therefore, as a result 
of the furniture in the control room, in the Soundbase control room the positions 1, 6 and 11 have been omitted. 
Furthermore it has to be noted that during the measurements in the Ferry & Garnefski control room the positions 
1 and 5 are very close to respectively a loudspeaker and lamp shade. Therefore the measurements with the 
artificial head had to be omitted at these positions. In addition, due to the equipment racks the measurements at 
the positions 10 and 15 are very close to the racks located.    

4.4.2. Procedure 
 
All the measurements have been performed according to the 5x3 matrix as outlined in the previous paragraph. 
The measurement chain used is presented below.  
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Figure 63 : Measurement chain. 
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As the figure shows the laptop is directly connected to the amplifiers, so the measurement signal is not pre-
equalised. Subsequently the amplifiers are directly connected to the loudspeakers. Eventual passive cross over 
filters are used as these will not change after tuning the room. The signal used is a non filtered MLS signal with a 
length of 1.37 s and a sample frequency of 44.1 kHz.  
During the measurements the in-house loudspeaker system is used. The use of the in-house loudspeakers is 
justified because it is assumed that the quality of a control room is an integrated system of the room and 
loudspeakers which is optimised for the specific room. At every position the room is excited by the left and right 
loudspeaker separately. 
 
In every control room the impulse responses of the left en right front loudspeakers are measured separately at 
each position with an omni directional microphone and an artificial head. Theoretically this should be the same 
response because of the acoustical symmetry of the room. The technical data about the equipment used during 
the measurements are given in appendix V.  
 
4.4.2.1. Artificial head 
 
During the artificial head measurements the head is directed straight forward to the screen or window in front of 
it. Due to the fact that the end of the microphone standard cannot bend, the artificial head is directed downward 
for the positions 1 to 5 in the matrix. (See Figure 64) Despite the fact that this idea resulted from a practical 
shortcoming of the microphone standard, this actually reflects quit well the real work situation of a working 
engineer.  
 

        

Figure 64: Placement of the artificial head 

4.5. Binaural measurements  
 
As described in paragraph 1.3.5, the Interaural Cross Correlation (IACC) is a relatively new room acoustic 
parameter, introduced by Ando who evaluated the IACC mainly for large sound fields. Among others the IACC 
is a good measure for the rate of diffusion in a room. Generally a sound field has to have an IACC of less than 
0.15 to be subjectively perceived as diffuse [13].  
There has no literature been found related to the IACC with respect to small sound fields such as they exist in 
control rooms. Therefore the IACC is evaluated for the control rooms under test.  
 

4.5.1. Inter Aural Cross Correlation  
 
4.5.1.1. Goal 
 
Originally the IACC is developed for large rooms such as concert halls and opera houses. In the description of 
the dissimilarity of the signal arrival at the two ears, the ISO 3382 standard splits the time interval in the early 
reflections, t < 80 ms and the late reverberant sound, t > 80 ms. This measurement aims to apply the ISO 
criterion to the control rooms under test, which are however small rooms. As a consequence the interpretation of 
the results may need to be adjusted. 
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The measurements have been performed according to the 5x3 matrix as presented in paragraph 4.4.1 with the 
artificial head as receiver.  
 
4.5.1.2. Results 
 
The overall IACC measurement results are given in appendix VI of this document. As an example Table 7 lists 
the actual data of the IACC measurements in the Byton control room. Figure 65 presents the averaged 
measurement data of this control room graphically. In this graph the continuous lines present the average IACC 
data gathered from exciting the room with the left loudspeaker and the dotted lines presents the data gathered 
from excitation with the right loudspeaker. The following discussion of the results will be based on the data of 
the Byton control room, however the discussion is also valid for the other control rooms.  
 

Table 7 : Averaged values of the IACC in the Byton control room. 

 Left loudspeaker Right loudspeaker 
Frequency  t  =0- ¥¥¥¥  ms  t  =0- 80 m s t  =80- ¥¥¥¥  ms  t  =0- ¥¥¥¥  ms  t  =0- 80 ms  t  =80- ¥¥¥¥  ms  

31.5 0.98 0.99 0.94 0.98 0.98 0.96 
63 0.96 0.96 0.95 0.97 0.97 0.95 

125 0.93 0.93 0.90 0.94 0.94 0.90 
250 0.80 0.80 0.77 0.82 0.83 0.67 
500 0.54 0.55 0.31 0.60 0.60 0.30 

1000 0.44 0.44 0.24 0.48 0.49 0.25 
2000 0.47 0.47 0.15 0.52 0.52 0.18 
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Figure 65 : Average IACC calculation results of the IACC measurements, measured at a height of 1.25m 
in the Byton control room. 

4.5.1.2.1. General result – three stages 
 
It can be observed from the table and the figure that three stages can be distinguished.  
First there is a stage between 31.5 and 125 Hz. In the figure this is indicated as stage I. According to the figure, 
in this stage the IACC has an approximately constant value of 0.95.  
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Subsequently a second stage can be observed in which the IACC drops. This is indicated in the figure as stage II. 
Generally this decrease occurs at frequencies between 125 and 2000 Hz. In this control room the IACC drops 
from 0.95 to 0.44 and 0.49 for respectively the left and right loudspeaker.  
 
Finally there is a third stage in which the IACC seems to be constant again. This occurs for the frequencies 
above 2000 Hz. In case of the Byton control room the IACC is approximately 0.48 and 0.53 for respectively the 
left and right loudspeaker.  

4.5.1.2.2. Differences between left and right loudspeaker 
 
Besides the information about the IACC during the time, the graphs also reveal that there are differences 
between the left and right loudspeaker. It can be observed that the average IACC of the left loudspeaker is lower 
than the right loudspeaker in the higher frequency bands. See for example the results of Byton and Soundbase. A 
possible explanation for this might be the placement of  LCD monitors or other equipment at the left hand side of 
the engineer. Because of these objects early high level reflections will occur when the room is driven by the right 
loudspeaker which affects the correlation of the signal perceived between both ears. Consequently the IACC will 
decrease.   
Another reason for the differences between the left and the right loudspeaker might be that both loudspeakers do 
not have the same radiation pattern due to a difference in the interaction between the wall and the loudspeaker as 
a result of manually mounting the loudspeaker into the walls. 

4.5.1.2.3. Time interval 
 
Figure 65 also reveals important information regarding the chosen time intervals. In the past there has been, and 
still there is, a lot of discussion about the proper time intervals. These discussions are mainly related to concert 
hall acoustics, e.g. [15], [85]. In the room acoustic standard ISO 3382 an interval between 0 and 80 ms has been 
chosen which should represent the early reflections, and a time interval from 80 ms to infinity, where infinity 
corresponds approximately to the reverberation time. In the figure the results are given for the time intervals 
between 0 – ¥  ms, 0 – 80 ms and between 80 – ¥  ms for respectively the left and right loudspeaker7.   
 
As the figure shows the difference between the curves showing the IACC of 0 – ¥  ms and of 0 – 80 ms is 
insignificant. On the other hand the curve which presents the IACC from 80 – ¥  ms has a totally different 
decline compared to the former ones, although the three stages can also be distinguished in this curve.  
 
According to the graphs it can be concluded that the important information regarding the determination of the 
IACC in control rooms is given within the 0 – 80 ms time interval. The late energy, thus from 80 – ¥  ms, is 
insignificant with respect to the determination of the IACC in this type of rooms.  
 
4.5.1.3. Discussion 

4.5.1.3.1. Three stages 
 
As been outlined three stages can be distinguished. It is likely that this can be explained by the interaural time 
and intensity differences. As outlined in paragraph 1.3.1.1, due to the shape of our head there are interaural time 
difference (ITD) and interaural intensity differences (IID) which affect our ability to localise a soundsource. The 
interaural time differences are the most important cue at the lower end of the frequency range, i.e. at frequencies 
below 2000 Hz. On the other hand, IID’s are the most important cue above 2000 Hz. 
 
In the first stage the dimensions of the head are very small relative to the wavelength of interest, i.e. the 
wavelength at 125 Hz is 6.5 times the diameter of an average head. Therefore the phase differences between the 
ears are within half a period. As a result the ears are able to correlate the signals between both ears very well.  
In the third stage, i.e. above 2000 Hz, the path length differences between the ears is large, whereby it becomes 
more difficult for the ears to correlate the signals between the ears. A decrease of the correlation between two 
signals implies an increase of perceiving the sound as diffuse, so the IACC will drop.  

                                                           
7 In some graphs in appendix it may seem that not all the curves are drawn, e.g. Soundbase and JVPS. Nevertheless, the lines 
are all drawn but they are in those cases plotted as one because they fall within the resolution of the graph.  
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The second stage, i.e. between 250 Hz and 2000 Hz can be seen as a transition zone in which the correlation 
decreases relatively quickly with increasing frequency.  
  
It has to be noted that the IACC drops to approximately 0.5. Regarding the control rooms under test this is very 
low, however compared to the upper limit given by Ando for subjective experience of diffusion, i.e. IACC<0.15, 
the room will not be perceived as diffuse.  

4.5.1.3.2. Use of the speakers 
 
During the measurements the left and right speaker have been measured separately. The main advantage of this 
method is the possibility to examine the symmetry of the room. This can be done by examining the impulse 
response on  a specific position. However, in actual practice the sound is always perceived by at least two 
loudspeakers. Additionally, the impulse responses of the left and right loudspeaker at a certain position cannot be 
added up. This can introduce large discrepancies, especially in the lower frequencies. Therefore it can be argued 
that there should be measured with both loudspeakers exciting the room together. This would better correlate to 
the actual listening circumstances.  

4.5.1.3.3. Time interval 
 
To get more insight regarding the IACC during the time, it may be better to choose another time interval, e.g. a 
50 ms instant. This instant is also used for parameters like the clarity (C50) and Deutlichkeit (D50) which 
objectively qualify the speech characteristics of a room. Generally a room which is well suited for speech 
transmission has a relatively short reverberation time, say 0.8 to 1.0 sec (e.g. [85], [86]). As the intervals 0 - ¥  
ms and 0 – 80 ms hardly differ, it may be interesting for future research to verify the possibilities for the 
application of another time instant, specially for acoustically less reverberant rooms with a non diffuse sound 
field.  
 
Furthermore some critics can be given regarding the choice of a time constant itself. There are some arguments 
in favour of choosing not a certain time instant, but a certain smoothed time interval. For example instead of 
choosing the interval between 0 and 80 ms, it may be better to choose the interval between 0 and 80 ms whereby 
every interval is smoothed over an interval of say 1 and 5 ms. By smoothing the influence of reflections will be 
spread in time, especially in this type of rooms where the influence of a reflections is very important this might 
be useful.  
 

4.5.2. Comparison of the different positions within a room 
 
4.5.2.1. Goal 
 
In the previous paragraph the averaged results of the IACC calculations are analysed. The presented data do not 
give information regarding the measurement differences in a control room. In order to see to what extent the 
IACC differs control rooms qualified as good, this paragraph analyses the variation in IACC calculation results 
for the 1/3-octave bands in the control rooms under test.  
 
4.5.2.2. Results 
 
In appendix VII the results are presented for the left and right loudspeaker separately for all the control rooms 
under test. The results presented are based on the time interval between 0 and ¥  ms. The continuous line in the 
graphs presents the averaged value of all the calculation results in that specific 1/3-octave band. 
 
The figure and table below present only the results of the Topsound control room, excited by the left 
loudspeaker. The discussion will also be based on these data, however it is applicable for all the control rooms 
under test.  
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Figure 66 : IACC calculation results of the Topsound control room. Time interval used is 0 - ¥¥¥¥  ms. 

Table 8 : IACC calculation results of the Topsound control room, excited by the left loudspeaker. Time 
interval used is 0 - ¥¥¥¥  ms.  

LEFT 
LOUDSPEAKER 

Frequency [Hz] 
31.5  63 125 250 500 1000  2000  4000  8000  

          
Receiver 1 0.98  0.97  0.97  0.94  0.86  0.68  0.72  0.65  0.59  
Receiver 2 0.98  0.96  0.96  0.94  0.90  0.65  0.63  0.58  0.41  
Receiver 3 0.97  0.96  0.96  0.82  0.80  0.63  0.59  0.49  0.37  
Receiver 4 0.95  0.96  0.98  0.89  0.85  0.56  0.48  0.46  0.43  
Receiver 5 0.94  0.95  0.95  0.83  0.78  0.44  0.32  0.44  0.19  
Receiver 6 0.99  0.97  0.98  0.95  0.83  0.76  0.74  0.76  0.69  
Receiver 7 0.99  0.99  0.96  0.91  0.87  0.66  0.60  0.61  0.59  
Receiver 8 0.99  0.99  0.95  0.79  0.88  0.65  0.45  0.42  0.37  
Receiver 9 0.98  0.97  0.93  0.80  0.77  0.52  0.43  0.26  0.21  

Receiver 10  0.99  0.96  0.90  0.56  0.76  0.39  0.42  0.20  0.15  
Receiver 11  0.99  0.99  0.91  0.94  0.75  0.77  0.68  0.67  0.57  
Receiver 12  0.99  0.99  0.94  0.87  0.81  0.69  0.61  0.58  0.45  
Receiver 13  0.99  0.99  0.94  0.79  0.84  0.58  0.57  0.42  0.29  
Receiver 14  0.99  0.98  0.84  0.84  0.86  0.47  0.50  0.34  0.23  
Receiver 15  0.99  0.97  0.85  0.72  0.79  0.37  0.50  0.24  0.13  

Average 0.98  0.97  0.93  0.84  0.82  0.59  0.55  0.55  0.47  
 
 
4.5.2.3. Discussion 
 
The results show that at the lower frequencies, i.e. below 250 Hz, the differences between the measured IACC 
values are small. The maximum deviation with the average is 4%. The deviation increases by increasing the 
frequency band of interest whereby in the higher end the differences are very large. In the 8000 Hz octave band 
the maximum deviation with  the average is 79%.  
 
In contradiction to the general tendency there are two control rooms with deviating results. The first one is the 
Ferry & Garnefski control room. The results of this control room show in the higher frequencies a larger spread 
in the measurement results compared to the other control rooms. It is likely that this is due to the asymmetry of 
the room as a consequence of the large equipment racks in the control room. Furthermore in the Byton control 
room it appears that the maximum spread occurs at around 1000 and 2000 Hz instead of the highest frequencies. 
An explanation for this could not be found.  



 Room acoustical measurements Chapter 4 

 75 

 
Based on these results it seems that the dependency of the IACC on the position in the control room increases 
with increasing the frequency band of interest. To confirm this assumption and, moreover, to find out to what 
extent this is related to the quality of a control room more extended examination of the small rooms is required.  
 

4.5.3. Influence of the measurement length on the results of the IACC calculation 
 
4.5.3.1. Goal 
 
The length of the measured impulse responses is 1.37 s. According to the ISO 3382 standard the time interval of 
interest for the calculation of the IACC is defined between t1 = 0 and t2 = ¥  ms, where infinity is generally equal 
to a time of the order of the reverberation time. With respect to a common control room infinity implies 
approximately 0.2 s. 
 
The figure below shows a typical presentation of an impulse response, measured with an artificial head. The 
vertical axis presents the relative level in percents, the horizontal axis the measurement length in seconds. The 
upper curve presents the right ear, the lower curve the left ear.  
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Figure 67 : Impulse responses of a measurement with an artificial head. The upper curve presents the 
right ear impulse response, the lower curve the left ear impulse response. The measurement length in the 
figure is 1.37 s.  

 
After say 0.15 s the impulse response seems to be flat, however this does not imply that there are no pressure 
variations anymore. For instance there will always be some kind of a noise floor due to internal noise of the 
system or background noise. In order to calculate the IACC correctly it has to be prevented that the noise is not 
taken into account. To find out to what extent the background noise affects the accuracy of the IACC calculation, 
the influence of the measurement length on the calculation is examined. 
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4.5.3.2. Method 
 
To examine the error made in the calculation of the IACC by using an impulse response with a length of 1.37 s. 
instead of the by ISO 3382 proposed 0.2 s., the impulse responses which are measured at the reference position 
with the left loudspeaker to excitate the room are used and analysed for all the control rooms under test.  
In order to analyse the influence of the length of the impulse response the end of the impulse responses is 
stepwise cut off. This results for every control room in impulse responses with a different measurement lengths 
of respectively 1.37 s., 1.2 s., 1.0 s., 0.8 s., 0.6 s., 0.4 s., 0.2 s. and 0.1 s. Subsequently the IACC is calculated 
from the impulse responses.   
 
4.5.3.3. Results and discussion 
 
The results of the analyses are given in appendix VIII. As an example the results of the Ferry & Garnefski 
control room are presented in the tables below. For the discussion these results will be used, the discussion 
concerns all the control rooms under test . 
 

Table 9 : IACC calculation results of the same impulse responses with a different measurement length, 
calculated over the time interval from 0 - ¥¥¥¥  ms.  

Time [s] Frequency [Hz] 
31.5 63 125 250 500 1000 2000 4000 8000 

          
1.37 0.95 0.99 0.99 0.96 0.81 0.84 0.53 0.55 0.32 
1.20 0.95 0.99 0.99 0.96 0.81 0.84 0.53 0.55 0.32 
1.00 0.96 0.99 0.99 0.96 0.81 0.84 0.53 0.55 0.32 
0.80 0.96 0.99 0.99 0.96 0.81 0.84 0.53 0.55 0.32 
0.60 0.97 0.99 0.99 0.96 0.81 0.84 0.53 0.55 0.32 
0.40 0.97 0.99 0.99 0.96 0.81 0.84 0.53 0.55 0.32 
0.20 0.97 0.99 0.99 0.96 0.81 0.84 0.53 0.55 0.32 
0.10 0.97 0.99 0.99 0.96 0.81 0.84 0.53 0.55 0.32 

 
 

Table 10 : IACC calculation results of the same impulse responses with a different measurement length, 
calculated over the time interval from 80 - ¥¥¥¥  ms. 

Time [s] Frequency [Hz] 
31.5 63 125 250 500 1000 2000 4000 8000 

          
1.37 0.86 0.93 0.94 0.61 0.46 0.32 0.37 0.12 0.06 
1.20 0.85 0.94 0.94 0.62 0.45 0.30 0.37 0.12 0.06 
1.00 0.85 0.94 0.94 0.65 0.43 0.27 0.37 0.13 0.07 
0.80 0.88 0.94 0.94 0.65 0.41 0.26 0.36 0.14 0.07 
0.60 0.91 0.95 0.94 0.65 0.35 0.25 0.36 0.15 0.08 
0.40 0.89 0.95 0.94 0.69 0.26 0.24 0.36 0.15 0.1 
0.20 0.94 0.96 0.95 0.77 0.23 0.24 0.36 0.17 0.11 
0.10 0.99 0.90 0.93 0.83 0.45 0.33 0.41 0.24 0.17 

 
 
Table 9 shows that the differences in the calculated IACC for the different measurement lengths are insignificant 
for the time intervals of 0 – ¥  ms. On the other hand, Table 10 shows relatively large differences for the interval 
of 80 – ¥  ms, mainly at the higher frequencies.  
 
The fact that the differences in the late part of the calculation, that is after 80 ms, does not affect the calculation 
of the IACC for the time interval between 0 and ¥  ms, implies that the energetic contribution of the late part of 
the impulse response is negligible for the IACC calculation. Moreover it can be stated that in control rooms the 
upper boundary for the time interval to calculate the IACC can be set to 80 ms, due to the fact that the energetic 
contribution of the early energy is very large compared to the late energy. 
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Despite the decrease of the length of the impulse response, the calculation of the IACC remains the same for all 
the different lengths except the 0.1 s. This is due to the fact that in this case the impulse response is not complete 
anymore. Therefore the energy ratios used in the calculation, i.e. the early energy, will be affected drastically 
which leads to different IACC calculation results with respect to the full impulse response calculations. 
 
Contrary to the other control rooms under test, in the Ferry & Garnefski control room the calculated values in the 
31.5 Hz band are not the same for the different time intervals. This is due to the fact that in this control room the 
lower limit of the frequency response of the loudspeakers is 60 Hz. This implies that there is less energy below 
60 Hz whereby the early energy relative to the late energy will not differ too much with respect to the other 
frequency bands. As a result shorting the measurement length will directly influence the calculation of the IACC.  
  

4.6. Reverberation times 

4.6.1. Introduction  
 
One of the most common used parameters in room acoustics is the reverberation time T60 expressed in seconds. 
The reverberation time is defined as the time required for the sound pressure level to decrease 60 dB after 
switching off a sound source. The reverberation times calculated from the impulse responses are obtained from 
extrapolation of the measured decay curve between a level of 5 dB below the initial level to 35 dB below. 
Therefore in the following the reverberation time will be indicated by T30 [s]. 
 
First the reverberation times will be compared to the  ITU and EBU recommendations. Subsequently the 
receivers will be compared in order to find out to what extent the type of receiver affects the calculation of the 
reverberation time.    
 

4.6.2. Comparison of the measurement results to the recommendations 
 
4.6.2.1. Goal  
 
The ITU and EBU recommendations give the tolerance limits for the reverberation times in a critical listening 
environment. In the figure below the recommended tolerance bands with their limits are presented. The average 
reverberation time Tm [s] is given as 
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where V is the volume of the room in m3 and V0 is a reference volume of 100 m3.  
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Figure 68 : Tolerance limits for the reverberation time, relative to the average value, Tm [s] [ITU 1116.1, 
1997] 

This examination aims to find out to what extent the measurements are similar to the recommendations in actual 
practice. Therefore the reverberation times are calculated for the control rooms under test and plotted together 
with the tolerance limits given in the recommendations. 
 
4.6.2.2. Results 
 
In the following the results are presented of Jay Vandenberg’s Private Studio (JVPS) control room. The results 
of all the control rooms under test are presented in appendix IX. The discussion of the results will be based on 
the JVPS control room, however, generally, it is applicable to all the control rooms.  
 
Because of the different volumes of the control rooms the tolerance limits differ slightly between the different 
measurements.  
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Figure 69 : Reverberation times T30 [s] of the JVPS control room for the left and right loudspeaker. 
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Table 11 : Measured reverberation times (T30 [s]) in the JVPS control room. 

 Left loudspeaker Right loudspeaker 
Frequency  

[Hz] 
Minimum  Maximum  Average Minimum  Maximum  Average  

63 0.18 0.47  0.35 0.26 0.47  0.38 
125 0.19 0.27  0.23 0.15 0.25  0.20 
250 0.16 0.20  0.19 0.15 0.20  0.19 
500 0.17 0.22  0.21 0.17 0.23  0.20 

1000 0.20 0.23  0.21 0.18 0.23  0.21 
2000 0.20 0.25  0.21 0.20 0.22  0.21 
4000 0.20 0.22  0.21 0.20 0.21  0.20 
8000 0.18 0.20  0.19 0.17 0.20  0.19 

 
 
It can be observed that the control rooms under test all agree with the recommendations at the lower frequencies. 
At frequencies above 125 Hz differences between the control rooms can be recognised. The results of the Byton 
and JVPS control rooms comply exactly with the recommendations, although the JVPS control room is close to 
the lower limit.  
 
Furthermore it can be seen that the two smallest control rooms under test, i.e. Topsound and Ferry & Garnefski, 
both have a reverberation time below the lower recommended tolerance limit. Additionally the reverberation 
time of the Soundbase control room is at frequencies above 500 Hz also below the lower recommended tolerance 
limit. Contradictory to the other control rooms the reverberation time of the Soundhouse control room increases 
at higher frequencies.  
 
One of the design issues of a control room is to achieve an environment as neutral as possible. This implies 
among others that it is desired to have a flat frequency response. As can be observed in the figures the 
reverberation times of  JVPS, Topsound, Ferry & Garnefski and Byton all have a flat frequency response in the 
mid and high frequency bands.  
 
4.6.2.3. Discussion 
 
The recommendations given by the ITU and EBU express the tolerance bands in seconds difference relative to 
the average reverberation time Tm. It can be argued that this is not expressed on a relative scale. For example, for 
the middle frequencies the recommended deviation with respect to Tm is 0.05 s. Regarding the smaller control 
rooms this implies that the allowed differences between the average reverberation time and the tolerance band 
limits are relatively large compared to differences in larger control rooms.  
 
Besides the tolerance limits also the fact of measuring the reverberation time in a control room itself can be 
argued. Essentially the reverberation time is a measure for large rooms with a statistic, homogenous and diffuse 
sound field. As the control rooms are acoustically small environments which are relatively highly absorbing 
there is by definition not such a sound field present in this type of rooms.  
 
Moreover a control room is a critical listening environment. As has been outlined in chapter 1 the specular 
reflections are very important as these can ruin the sound image in a control room. Therefore it might be more 
relevant to examine the impulse responses by means of e.g. an ETC plot as these plots comprise a lot of 
information about the reflections.  
 
As the measurements show, the differences between the minimum and maximum values and the average values 
are approximately identical for all the control rooms, i.e. approximately 0.1 s. difference regarding the average 
reverberation time in the mid and high frequency bands. As the control rooms under test are all subjectively 
qualified as good control rooms, it can be stated that the measured reverberation time at different places in a 
good control room differs between 0.1 seconds irrespective of the volume of the control room. Relatively this 
implies a difference of up to 50%. 
 
The differences between left and right loudspeakers used as the source of excitation are very small. Therefore it 
can be stated that in order to calculate the reverberation time of a control room, excitation by only one of the 
loudspeakers is sufficient to obtain reliable calculations of the reverberation times in a control room. 
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4.6.3. Comparison of microphones for calculation of the reverberation time 
 
4.6.3.1. Goal 
 
The control rooms under test were all measured with a microphone with omnidirectional receiving 
characteristics, a microphone with so called figure-of-eight receiving characteristics and an artificial head. In 
order to find out to what extent the type of microphone affects the calculation of the reverberation time the 
results of one arbitrarily chosen control room are compared.   
 
4.6.3.2. Results  
 
The graphs below present the calculated averaged reverberation times. The graphs show the ITU tolerance limits, 
and the reverberation times calculated from the impulse responses measured with respectively the omni 
directional microphone, the figure-of-eight microphone and the artificial head microphones. The left and right 
artificial head microphones are plotted separately.  
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Figure 70 : Reverberation times measured with different microphones. The left graph presents the results 
of whereby the room was driven by the left loudspeaker. The right graph presents the reverberation times 
calculated from measurements whereby the room was driven by the right loudspeaker. 

 
Table 12 presents the standard deviations s  in seconds between the calculation results for the four different 
microphones for the left and right loudspeaker separately.  
 

Table 12 : Standard deviations between the reverberation times. 

 Standard deviation ssss  [s] 
Frequency [Hz]  Left loudspeaker  Right loudspeaker  

   
63 0.005 0.019 

125 0.004 0.005 
250 0.005 0.006 
500 0.006 0.006 

1000 0.006 0.003 
2000 0.005 0.007 
4000 0.004 0.004 
8000 0.004 0.005 

Average 0.005 0.007 
 
 
4.6.3.3. Discussion 
 
As the results show the differences between the calculation of reverberation time by using different microphones 
are very small, i.e. the average standard deviations for the room excited by respectively the left and right 
loudspeaker are 0.005s and 0.007s. As this accuracy is far beyond the common used accuracy regarding the 
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determination of the reverberation time, it can be stated that all types of  used receivers are allowed to apply in 
order to measure the reverberation time of a control room.  
 

4.6.4. In situ verification of the Bonello criterion 
 
Discussions concerning the quality of a control room are mainly focussed on the low frequency problems in the 
room. In the past there have been a few attempts in order to define the quality of a control room objectively, such 
as the LEDE requirements. In this paragraph an attempt is made whereby the Bonello criterion is verified by in 
situ measurements.   
 
4.6.4.1. Goal 
 
As has been outlined in paragraph 2.3 there is no statistical sound field in the lower frequency bands. Therefore 
low frequency anomalies should not be examined statistically but absolute. To examine the low frequency 
response of a control room in order to qualify the room objectively, the criterion for the distribution of 
eigenmodes in a control room as proposed by Bonello in 1981 is used [29]. Essentially this criterion states that 
the energy in the adjacent frequency bands should monotonically increase in order to perceive no coloration. 
This examination is aimed to verify the criterion in the different control rooms in order to find out if this 
criterion can be a starting point for the objective qualification of a control room.  
 
4.6.4.2. Procedure 
 
In each control room the impulse responses were measured at the different positions on the grid with an 
omnidirectional microphone. The positions were measured separately for the left and the right loudspeaker.  
By means of FFT analyses the frequency responses of the impulse responses were generated. Subsequently the 
rms-value of the energy measured in each frequency band was calculated in the 1/3-octave bands between 0 and 
250 Hz as proposed by Bonello (see Table 13). As the results showed, the measurements contained a certain 
amount of low frequency energy. This energy is probably a consequence of environmental sound. It is 
commonly known that the lower frequencies, say 1 to 15 Hz are the result of air-conditioning systems. 
Additionally, noise between 15 to say 25 Hz is due to traffic noise. Because the lower limit of most of the 
speakers used is between 30 and 40 Hz, it is not likely that the energy below 30 Hz is the result of the 
loudspeakers and their interaction with the room. Therefore in appendix X the results are plotted from 30 Hz to 
250 Hz. The frequency band numbers agree with the frequency bands as given in Table 13.  
 

Table 13 : Frequency intervals in Hz used for the calculation of the rms-values. 

Band number Frequency band [Hz] 
 0 – 10 
 10 – 13 
 13 – 16 
 16 – 20 
 20 – 25 

1 25 – 32 
2 32 – 40 
3 40 – 50 
4 50 – 63 
5 63 – 80 
6 80 – 100 
7 125 – 160 
8 160 – 200 
9 200 – 250 
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To reduce the enormous amount of data in appendix X the results of this calculation are plotted in column 
diagrams as presented in Figure 71.  
 

 

Figure 71 : Typical generated plot of the rms-values in 1/3-octave bands between 25 and 250 Hz. 

 
The band number of the column agrees with the frequency interval as given in the table above. The horizontal 
axis represents the frequency in Hz and the vertical axis the rms-value in dB. For convenience only the designed 
engineer positions are analysed in order to compare the control rooms.  
 
4.6.4.3. Qualification methods 
 
In order to qualify the measurement position objectively, two methods have been evaluated to calculate the 
quality of a certain position. In the preceding paragraphs the methods will be outlined in more detail.  

4.6.4.3.1. Method A 
 
The first method, method A in the table, considers only the difference between the adjacent frequency bands. 
When the rms-value of the frequency band of interest is higher with respect to the previous frequency band, the 
frequency band is labelled by a plus (+). If the rms-value is lower with respect to the rms-value of the previous 
band, the band is labelled as a minus (-).The first frequency band will always be labelled as a plus. Finally all the 
plusses and minuses are added which results in a single number notation for that specific position.  
As an example, in Figure 71 seven columns can be labelled with a plus and two columns can be labelled with a 
minus. Therefore this position will be indicated with a 5 (7-2). 

4.6.4.3.2. Method B 
 
In order to overcome the problems of the previous method, the method is extended. To take the importance of a 
certain dip to our perception into account, the bands will be given a plus or a minus for each 0.5 dB difference. 
The value of 0.5 dB is an arbitrarily chosen value. Application of  the 0.5 dB increment leads to a dip of 2 dB to 
be labelled as – 4. If the difference is within ± 0.5 dB with respect to the previous band, the band is labelled with 
a zero (0).    
As an example Figure 71 is also calculated according to this method. This results for this method in a single 
number annotation of 4.  
 
4.6.4.4. Results 
 
Table 14 shows the calculation results. The single number indications (SNI) are calculated only for the designed 
engineer position, i.e. position eight in the grid. The upper half of the table shows the results from the 
measurements with the left loudspeaker excitating the room. The lower half of the table presents the results with 
the room excited by the right loudspeaker.  
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Table 14 : Single number indications (SNI) of the designed engineer position.  

 SNI Method A SNI Method B 

Le
ft 

sp
ea

ke
r 

5 Ferry & Garnefski  4 Ferry & Garnefski 
3 Topsound 2 JVPS 
1 Byton 1 Topsound 
1 JVPS 0 Byton 

-1 Soundbase 0 Soundbase 
-3 Soundhouse -2 Soundhouse 

   

R
ig

ht
 

sp
ea

ke
r 

5 Ferry & Garnefski  5 Ferry & Garnefski 
3 Byton 2 Topsound 
1 Soundbase 2 Byton 

-1 JVPS 1 JVPS 
-1 Topsound 0 Soundbase 
-3 Soundhouse -4 Soundhouse 

 
 
4.6.4.5. Discussion 

4.6.4.5.1. Method 
 
As the method A only suggests to qualify the adjacent frequency bands with a plus or a minus, the method does 
not consider the spectral position of the dip. For instance a position will be indicated with a 5 when there are e.g. 
dips in the 40 – 50  Hz and 125 – 160 Hz frequency bands. Another position will also be indicated with a 5, 
although here the dips are in the 40 – 50 Hz and the 50 – 63  Hz frequency bands.  
Although both positions are indicated equally, it is likely that the dips in the second example affect our 
perception differently compared to the first example.  
 
In addition to the preceding remark, a dip of say 8 dB is more detrimental for our perception than a dip of say 1 
dB. Although it could possess acoustically critical information, this effect regarding the actual differences 
between the adjacent frequency bands is also evoked.  
 
The introduced increment of 0.5 dB in method B can lead to wrong conclusions. When the rms-value of 
sequential frequency bands is 0.4 dB lower in level, according to the method the result of say 5 bands is 0, while 
the actual dip is 2.0 dB. According to method B all these columns will be labelled as zero, while actually the dip 
is 2.0 dB which can be detrimental to our perception.   
 
As has been revealed during the explanation of method, the increment of 0.5 dB is arbitrarily chosen. This is a 
very stringent increment which is assumed to be the least difference in level which can be recognised by a 
listener.   

4.6.4.5.2. Results 
 
The results confirm quite well the shortcomings of method A. It can be visually observed from the graphs in 
appendix X that the rms-values of the JVPS control room differ less than the Topsound or Byton control room. 
However, according to method A the SNI of the Byton control room as well as the Topsound control room is 
higher than the JVPS control room. As the table shows, method B seems to agree better with the measurements.  
 
The control rooms under test are all subjectively qualified as good control rooms. According to both methods the 
SNI of the designed engineer position vary over a broad range. It seems that the higher the SNI, the better the 
agreement with the theoretical criterion as proposed by Bonello. However further research should confirm this.  
 
As can be seen in the graphs of this analysis the differences in rms-values between the adjacent frequency bands 
are not as obvious as suggested in the original paper of Bonello. The original article of Bonello considered only 
the distribution of the modes in rectangular room. Moreover there was no weighting regarding the type of mode. 
Only amount of modes were counted. The control rooms under test were excited by the loudspeakers. Therefore 
not only modes are measured, but also other radiated sound energy is measured. Moreover, each measured mode 
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is naturally ‘weighted’ by the fact if it is a axial, tangential or oblique mode. In accordance with the preceding it 
has to be noted that the control rooms under test do all have optimised room dimensions whereby ideally no 
modes should be measured.  
 
One of the main goals of a designer is to create an acoustical environment as uniform as possible. The frequency 
response at a certain position can be satisfactory for our perception. But a control room will be judged as bad if 
there are differences between the frequency responses. Therefore it can be argued that not the frequency response 
at a certain position has to be analysed, but difference between two frequency responses at different positions. 
 
The results of the Soundhouse control room are not similar to the other control rooms. The reason herefore is 
that during the measurements the signal-to-noise ratio was very poor, mainly in the lower frequency bands.  
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5. Conclusions and recommendations 
 
This chapter starts with the overall conclusion that can be drawn from this thesis in general. Hereafter the 
subconclusions and recommendations are given. Each chapter is dealt with separately.  

5.1. Overall conclusion 
 
The main goal of this project was two folded, on the one hand the aim was to make an inventory of the acoustics 
of control rooms in general. On the other hand to qualify the control rooms objectively by room acoustical 
measurements.  
 
The acoustics of control rooms consists of an interaction between electroacoustical, psychoacoustical and 
roomacoustical aspects. In order to optimise this interaction it is necessary to fully understand the importance of 
each of the aspects with respect to the design of a control room. Evaluation of the most important design 
approaches for stereophonic loudspeaker arrangements revealed that in general these all have similar starting 
points, i.e. time spacing of high level reflections and the low frequency distribution as well as the high frequency 
distribution, in order to achieve an optimal acoustical environment.  
Concerning the surround sound approaches there are no distinct requirements to which a control room should 
meet at the moment. Generally the present approaches can be seen as an extension of the earlier approaches for 
stereophonic loudspeaker arrangements.  
 
Regarding the second goal of this thesis, i.e. the objective qualification of a control room, it appeared that despite 
the fact that there is nowadays sophisticated measurement equipment available, not too many attempts are made 
to qualify control rooms objectively by measurable parameters. As there is no specific standard for the objective 
qualification of acoustically small rooms, i.e. control rooms, the applicability of well-known room acoustical 
parameters for these rooms was evaluated, i.e. IACC and  T30. Concerning the IACC it seems that the time 
intervals chosen for large room acoustics should be adjusted for small room acoustical purposes. The 
reverberation time results showed that despite the absence of a statistical the reverberation time in the control 
rooms under test appeared to be quite indifferent to the adjacent measurement positions.  
Although the methods to verify the Bonello criterion regarding in-situ measurements can be optimised to a large 
extent, the proposed approach for the objective qualification of control room can be a starting point for further 
research.  
 

5.2. Conclusions 

5.2.1. Chapter 1: Human hearing system 
 
5.1. The localisation of a certain sound depends on several factors. The main cues for the localisation in the 

horizontal plane are given by the time and intensity differences and by movements of the head. In the 
vertical plane the pinna reflections are very important in order to determine the elevation of a certain source. 
As the reflection patterns of the pinna are angle dependent, the pinna acts as a directional filter  

 
5.2. In a stereophonic loudspeaker arrangement with the loudspeakers producing an identical signal whereby the 

level of the loudspeakers are identical and there is no delay between the loudspeakers, a phantom source will 
occur in the median plane between the two loudspeakers. By adding a delay between both sources, the 
phantom source will move towards the undelayed source. As the delay between both sources is between 630 
ms and 1 ms, the direction of the perceived source is primarily determined by the undelayed source.  
The time interval hereafter, i.e. between 1 ms and 20 ms, is called the Haas zone. Here the signal of the 
signal has to be up to 10 dB higher in level with respect to the direct sound to be perceived separately. This 
zone can be extended by reflections properly spaced in time, known as the Kuttruff effect.  

 
5.3. When the interaural cross correlation IACC is below 0.15, the sound field is perceived as diffuse. This value 

is based on room acoustical measurements in large rooms such as concert halls and opera houses. At this 
moment no extensive research has been performed which confirms if this value is also valid for small rooms 
or not.   

 



 Conclusions and recommendations Chapter 5 

 86 

 

5.2.2. Chapter 2: Architectural design issues of a control room 
 
5.4. Regarding the design of control rooms there is no legal frame to which a control room should comply. The 

International Telecommunication Union (ITU) and the European Broadcasting Union (EBU) have given 
recommendations which a critical listening environment should meet. As these are recommendations and 
not a standard, these can be girder for the designer as well as for the client, although they cannot restrict 
either of them.  

 
5.5. The eigenmodes and other low frequency anomalies are the key issue in order to optimise the geometry of a 

control room. The frequency range of interest concerns the frequencies below the so called Schroeder 
frequency where the modal density is lower than ten modes per bandwidth. 

 
5.6. In the past there have been lots of attempts to optimise room dimensions. Therefore lots of ratios have been 

proposed. In order to give the designer more freedom in his design and to use the volume of a room more 
efficient, it is advocated to have a certain area with optimum room dimensions instead of one single ratio. 
The area of optimum room dimensions proposed by the  ITU and EBU seems to be better suited than earlier 
proposals as the widely spaced modes are weighted more by their introduced quality index.  

 
5.7. The so called Schroeder diffusors are based on mathematical sequences. Besides their diffusing performance 

research revealed that they also absorb, mainly below the design frequency. Interaction between the wells, 
poor construction and paint are the main causes for this absorption. By sophisticated use of this knowledge, 
these absorbing aspects can be integrated in the diffusor without reducing the diffusing quality.  

 
5.8. Although the loudspeaker arrangement of a control room is theoretically recommended by the ITU and EBU 

to be on a circle, it is sometimes impossible to meet this recommendation. In actual practice it appeared that 
increasing the angle of the loudspeakers with respect to the centre plane shows better results than adding 
delays.  

 
5.9. The location of the low frequency loudspeaker or subwoofer should be not on the perpendicular line 

between the walls on which the engineer is located. As a result the loudspeaker will not be able to drive an 
axial mode, only tangential or oblique modes. As these are respectively –3 dB and –6 dB lower in level 
relative to an axial mode, these are less detrimental, although still not desirable. 

 

5.2.3. Chapter 3:  Design philosophies 
 
5.10. The reflection patterns in time and space relative to our perception of a certain sound image seems to be 

very important in the design of a control room. In order to manage this several approaches have been 
presented during the last years. This lead to a shift from acoustically inert rooms to more live rooms which 
better agree with the actual listening environment of a production, the living room.  

 
5.11. The LEDE concept was the first, and until now only concept, whereby a certain quality of the room had 

to be proven by means of an objective measure, i.e. the ETC plot.  
 
5.12. There have been several approaches regarding the design of a control room suited for stereophonic 

sound reproduction. On the contrary, only few approaches have been presented regarding the design of 
control room suited for surround sound reproductions.     

 

5.2.4. Chapter 4: Room acoustical measurements 
 
5.2.4.1. Procedure 
 
5.13. For the measurements in the control rooms under test, the in-house loudspeaker system and amplifiers 

were used. As these differ for each control room, it is not possible to calibrate the measurement system, i.e. 
the outgoing part of it, although it can be stated that the in-house loudspeaker system and the amplifiers are 
an essential part of the whole system whereby the control room is qualified, especially as in most cases this 
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loudspeaker system is optimised for the room. Therefore it could be sufficient to only calibrate the receiving 
part of the measurement system.  

 
5.2.4.2. Binaural measurements 
 
5.14. The averaged results of the IACC calculations showed that one can generally distinguish three stages. 

This is explained by the interaural intensity differences and interaural time differences. In the lower 
frequency bands the IACC is between 0.95 and 1.00. In the higher frequency bands the IACC is between 
0.40 and 0.50. In between there is a transition zone of about two bandwidths where the IACC decreases. 
According to Ando’s criterion the soundfield is not perceived as diffuse neither in the lower frequency 
bands nor in the higher frequency bands.   

 
5.15. During the design process of a control room much attention is paid to the symmetry and correct 

guidance of the reflections in the control room. In actual practice e.g. extra LCD monitors, loudspeakers or 
other equipment are placed in the control room. Consequently small differences can be observed between 
the excitation of the room by the left or right loudspeaker. As the criterion to use a control room was that it 
had to be objectively qualified as good, it can be stated that small symmetrical distortions are allowed.  

 
5.16. Comparison of the IACC calculation results between the positions revealed that the dependency of the 

IACC on the measurement position increases by increasing the frequency band of interest. Especially for 
frequencies above 125 Hz this is the case.  

 
5.2.4.3. Reverberation measurements 
 
5.17. In the lower frequency bands the control rooms under test all fall within the proposed tolerance band 

limits of the ITU and EBU recommendations. For the mid and higher frequencies the reverberation time 
seems to be more volume dependent. As the results show, the smallest control rooms under test have 
reverberation times below the lower recommended limit, and the rooms with average volume have 
reverberation times which fall between the recommended limits.  

 
5.18. Comparison to what extent the used microphone during the measurements affects the calculation of the 

reverberation time revealed that the differences are insignificant. Therefore it can be stated that each type of 
microphone tested, i.e. omnidirectional, figure-of-eight or artificial head, can be used in order to measure 
and calculate the reverberation time of the control room.  

 
5.2.4.4. Verification of the Bonello criterion 
 
5.19. A control room is mainly qualified by the low frequency anomalies in the room. Evaluations prior to the 

described evaluation concerned statistical analyses of the lower frequency bands, i.e. the standard deviation 
between ascending frequency bands was evaluated. Based on this evaluation it appeared that in order to be 
able to judge the anomalies correctly the absolute values, i.e. rms-values, should be evaluated instead of 
using statistical methods such as the standard deviation.  

 
5.20. It appears that in control rooms which are subjectively qualified as good the differences in the lower 

frequencies of the calculated rms-values fall within ± 2 dB. Contradictory to the original criterion a curve 
with a monotonically non decreasing slope cannot be observed clearly. On one hand this is due to the fact 
that the rooms under test are already optimised rooms. On the other hand, the criterion originally concerns 
only the modes in a room, without weighting. During the measurements not only the modes are measured at 
a certain position, also the redundant energy which cannot be neglected. 

 
5.21. Two methods have been proposed to qualify the characteristic engineer positions in the control rooms 

under test with a single number indication (SNI). It appeared that the proposed method B agrees better to the 
visual evaluation of the presented graphs. 
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5.3. Recommendations  

5.3.1. Chapter 2: Architectural design issues of a control room 
 
5.22. The Bonello criterion is based on the so called equal energy concept. As the sound pressure of the 

different types of modes relative to each other is different, it can be argued to weight the different modes, 
e.g. by some sort of a smoothing procedure. Additionally the loudness of each band should be used in order 
to take the ear sensitivity into account.  

 

5.3.2. Chapter 4: Room acoustical measurements 
 
5.3.2.1. Procedure 
 
5.23. During the measurements with the artificial head only an artificial head without a torso was used. This 

was mainly due to practical convenience as it was otherwise difficult to measure above the  console. 
However, it is commonly known that the torso also affects the perceived signal. Therefore the absence of a 
torso can be argued. Further research should examine the influence of the torso on the measurement results. 

 
5.24. During the measurements the right and left loudspeaker were used separately. Because of the symmetry 

of the control room the frequency responses should be identical. However in actual practise both 
loudspeakers will be used. In future examinations whereby the acoustic quality is related to the perception at 
a certain position, the use of two loudspeakers together seems to be more realistic.     

 
5.25. In order to examine to what extent the acoustical quality of a control room is affected by the in-house 

loudspeaker system measurements should be performed with and without the in-house loudspeaker system 
in the measurement chain. 

 
5.3.2.1. Binaural measurements 
 
5.26. The length of the impulse response used to calculate the IACC does not affect the calculation results. It 

appeared that the calculation results between 0 – 80 ms and 0 – ¥  ms differ insignificantly. On the contrary, 
the calculation results between 80 - ¥  ms interval differ largely. Therefore it can be stated that the 
contribution of the energy after 80 ms is too low in order to contribute to the IACC. In order to be able to 
make statements regarding the evolution of the IACC in small rooms during the time, it is proposed to adjust 
the time interval. A common known time instant is 50 ms. Future examinations should be performed in 
order to see to what extent the proposed time instant for small rooms give more information regarding the 
evolution of the IACC in time.  

 
5.3.2.2. Reverberation measurements 
 
5.27. The reverberation time is a measure of statistical homogenous environments. In small, heavily damped 

environments such as control rooms and studios there is per definition no statistical homogenous and diffuse 
sound field present. Therefore the use of the parameter can be argued. It seems to be more relevant to 
evaluate the actual reflection patterns as these seems to be more important regarding the quality of a certain 
room. Further research should confirm this statement.  

 
5.3.2.3. Verification of the Bonello criterion 
 
5.28. Continuous research should be focussed not only on improving the methods but also on considering 

more positions in the control room. Therefore it should be noted that the quality of a control room is 
dependent on the equality of the control room. This implies that not only the frequency responses at a 
certain position should be analysed but also the differences between the frequency responses of adjacent 
measurement positions. 

 
5.29. In order to find out to what extend there is any relation to the subjective experience of the control room 

and calculated data further research should be performed. Therefore not only control rooms should be used 
which are subjectively qualified as good but also control rooms which are subjectively qualified as bad. As a 
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result statements can also be made regarding the range of results between subjectively as good and bad 
qualified control rooms.  
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Epilogue 
 
The epilogue of this document is used to explain the title of this document. During the project there have been 
lots of discussions with different kinds of people who are related to control rooms in different ways, among 
others designers, engineers and researchers, about how to define the quality of a control room, advantages and 
drawbacks of design methodologies, what materials should be used etc.  One of the most remarkable things 
during the conversations was the importance of the interaction between the engineer and his environment. As 
Ben Kok remarked very well, a control room is like a shoe: it has to fit the user. To illustrate this, a few 
examples will be given which illustrate perfectly that the quality of a control room is not only acoustically 
determined. 
 
As has been said before a control room and the engineer should be as one. That this is true has been 
demonstrated in different ways. For instance, in the control room of Ferry & Garnefski, dance related 
productions are made. Typical of these productions is the pronounced bass. As they use near field monitors and 
produce in a very small control room it is difficult to judge if the low frequency content of the production is 
enough. Actual practice learned them that when they are standing in one of the corners of the control room, and 
the bass sounds there good, they know the low frequency content in their production is good. 
 
Another example to illustrate the interaction of the control room as a whole is illustrated by Ben Kok as well as 
Alex Balster. In their designs they both advice the customer of a new control room to use the first months after 
delivering up the control room to use the monitors of the old control room. The engineer is so to say calibrated to 
the old control room. When he uses his old monitors, he is able to get used, or get calibrated, to the new control 
room. After having been calibrated for the new control room, the new monitors can be used and the engineer 
again has to be calibrated. 
 
The relativity of a good acoustical environment is also demonstrated by an example given by Martin Agterberg 
of the Soundhouse complex. During the design process of the studio complex there is not only paid attention to 
the design of the control room, but also to the recording room and the secondary area around the recording and 
reproduction rooms such as bleu rooms, kitchen, offices etc. One of his productions concerned tango related 
music. While searching for the right acoustic ambience for his recording it appeared that not the acoustically 
well thought recording room was best suited for the recording of the production but the bleu room. 
 
Besides the relativity of a good acoustic environment, also the visual aspects are very important for the engineer 
to feel comfortable in the control room. The importance of the visual aspects of a control room is among others 
given by Bernard Bos of the Topsound studio. About ten years ago he built his own control room. Over the years 
he had made large productions and he as well as his customers seem to be very pleased with their results. 
However a few years ago Bernard himself did not feel comfortable anymore in his control room. Consequently, 
according to his personal critics, the  results of his productions were less good. Therefore he decided to restyle 
the control room. This implied not architectural changes but only the taint of the control room was changed, i.e. 
new colour carpet and a new colour of paint on the walls and ceiling. After this superficial interference, he felt 
again comfortable in his control room and the quality of his productions was back on its former level. 
 
A last example of the complexity of control room designs is confirmed by all the engineers. That is, when a 
production is finished on the in-house loudspeaker system, the production is evaluated on another type of 
loudspeakers in the control room, and most important on the hi-fi system in the living room or the car audio 
system. If the production is satisfactory on all the systems the production is finished, otherwise there has to be 
tweaked again and again until it is good. 
 
The previous examples illustrate perfectly that a control room which is subjectively qualified as good not only 
depends on the acoustical design but also on several elusive psychological aspects. All these aspects have to be 
in a certain kind of harmony in order to make the control room qualified as good. Some of the aspects can be 
physically explained and optimised, but there are still a lot of things which cannot be easily explained to adopt in 
the designs of control rooms. In other words, to fully understand why a control room is qualified as good there 
are still a lot of decisions beyond control. 
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