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ABSTRACT

Summary

Since the beginning of stereophonic sound repraglugt the nineteen fifties, the concerns aboutitigortance
of an acoustically well designed control room hageased. Typically for the quality of a well deséd control
room is the fact that the listener has to be ablesten critically to a certain recording. Thenefdhe interaction
between psychoacoustical, roomacoustical and ekmbustical issues is very important. In this doenirthe
different approaches are extensively considere@y@ity the roomacoustical aspects are emphasised.

To obtain a good insight about what really is intpot in order to be able to listen critically thiesis starts
with a consideration of the human hearing systeeasid®s explaining how the ear works, also our miwme of
the acoustical environment is described wherebygdmerol room related issues are emphasised.
Subsequently the room acoustics is discussed. Mutemtion will be paid to the problems regarding th
geometry of a control room. Here the low frequesoynd energy plays a key role. Furthermore an eltane
description is presented of possible material apfibns in a control room.

Finally the electroacoustical design of the contomm is considered. Therefore attention has begésh fo the
placement of the loudspeakers relative to thecatitistening position.

Based on this theoretical background several desigiosophies evolved over the years. The most mapb
philosophies which have been published since 18é@w@ensively described and analysed.

Finally measurements in several Dutch control roareee performed which have been designed by welivkn
Dutch designers. The control rooms under test werasured extensively with microphone positionsqdain a
grid consisting of 15 measurement positions. Basedhese measurements several important room acalust
parameters were computed such as the interaursd cmorelation IACC, and the reverberation tifge

The IACC calculations revealed that there are thinegortant stages as a result of the interauraé tamd
intensity differences. In the lower frequencies R€C is approximately 0.95 and in the higher freqcies the
IACC is approximately 0.50. In between a transitoone can be observed. Furthermore the calculations
revealed that the contribution of late energy,afeer 80 ms, to the IACC is insignificant.

The results of the reverberation time measuremewsaled that in the lower frequencies all contmmms
under test met the generally used recommendatipribeblTU and EBU. In the higher frequencies thatoa
rooms did not all meet these criteria. It seemstthia is volume dependent.

Moreover the measurements have been compared Botiallo criterion. In order to make an attempttalify
the acoustical quality of a control room objectiveghe rms-values of the frequency response ailedéd in
1/3-octave bands. According to two methods singiater indications (SNI) have been computed to futie
control room. Although the methods are quite roggkculations, the results agree well with the cidteas
proposed by Bonello.

In Dutch:

Sinds de opkomst van de stereofonische geluidreptigdin het begin van de jaren vijftig is de realing van
het belang van akoestisch goed ontworpen contugilate toegenomen. Kenmerkend voor de kwaliteiteeam
goede controle ruimte is dat de luisteraar in staabet zijn om uiterst kritisch naar een opname uanlen
luisteren. Daartoe is het samenspel tussen psydtomstische, ruimte akoestische en elektro akobstisc
factoren van groot belang. In dit verslag worderzel@erschillende invalshoeken uitvoerig beschouaal loij

de nadruk ligt bij de ruimte akoestische aandaahtsen.

Om een goed inzicht te krijgen in wat nu precidsigrijke aandachtsgebieden zijn voor het kritideimnen
luisteren wordt allereerst een beschouwing vanrhetselijk oor gegeven. Naast het beschrijven hpbhokén,
wordt beschreven hoe wij geluid waarnemen en watrhbelangrijk is voor een controle ruimte.

Vervolgens wordt ten aanzien van de ruimte akdesti@ een controle ruimte uitvoerig de problematekrent

de geometrie van de ruimte behandeld. Met nameldsgjfrequente geluid speelt hierin een sleutelrol.
Daarnaast wordt een basale beschrijving gegeven wamgelijke materiaaltoepassingen voor een controle
ruimte.

Tot slot wordt ook het elektro akoestisch ontweap ge controle ruimte beschouwd. Met name de plagatsan

de luidsprekers ten opzichte van de kritische dusisitie speelt hierin een belangrijke rol.
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Gebaseerd op deze theoretische achtergronden uijdei loop der jaren verschillende ontwerpfilosafieé
ontwikkeld. De belangrijkste filosofieén welke sid®60 zijn gepubliceerd worden uitvoerig beschneve

Tot slot zijn er metingen uitgevoerd in diverse &l&hdse controle ruimten welke door vooraanstaande
Nederlandse ontwerpers zijn ontworpen. De controimten zijn uitvoerig gemeten volgens een griddsesle

uit 15 meetposities. Aan de hand van deze metirgjen diverse belangrijke akoestische parameters
geanalyseerd zoals de interaurale kruis correlatheZC en de nagalmtijd,sd.

Uit de IACC berekeningen bleek dat er drie fasedesscheidden kunnen worden als gevolg van de intala
tijld en intensiteits verschillen. Laag frequentde IACC ongeveer 0,95 en hoog frequent ongeved}. 0,5
Hiertussen is valt nog een transitie zone te orale®len. Daarnaast is uit de berekeningen geblalande
bijdrage van de late energie, dat wil zeggen dergigena 80 ms, ten aanzien van de bepaling vanAdzCl
onbelangrijk is.

Uit de resultaten van de nagalm metingen bleekadas frequent alle gemeten controle ruimten vofdaan de
door ITU en EBU gestelde streefwaarden ten aanzamn de nagalmtijden. Hoog frequent voldoen nie¢ all
controle ruimten aan de gestelde streefwaardenlijRitvooral van het volume van de ruimte afhaijkeé zijn.

Bovendien zijn de metingen aan het Bonello critarigetoetst. Om een aanzet te geven tot het olfjeeti
stellen van de akoestische kwaliteit van een ct@imte zijn de rms-waarden van de frequentieoesge in
1/3-octaaf banden berekend. Volgens twee methapteaengetalsaanduidingen (SNI) berekend om deteuim
te kwalificeren. De resultaten van de berekeningemen goed overeen met de criteria zoals gestetdt do
Bonello.
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Introduction Chapter 0

0. Introduction

Two years ago, September 2000, | started a prafettte acoustics laboratory of the Eindhoven Ursigrof
Technology. The aim of the project was to desigtuaio which could be used as a laboratory for iserisory
research at the center for user-system interaction.

During the project | noticed the relevance of s@ueustical issues, but more important, | noticed there was
not really a fundamentally scientific approachhe tlesign of a studio or control room. In the plaste has been
research to aspects which are also applied inék@uds of studios, e.g. room dimensions, locabtisagitc., but
this has never been done in the context of aniiategproach to a critical listening environment.

Besides missing the theoretical scientific prinegpbf the design of control rooms and studiossib alppeared to
me that not too many measurements had been peddmikese acoustical environments. Many roomsaiie
with a certain philosophy of the designer, in saases combined with some ideas of the user, abatlif are
satisfied with the result, the project is finishead will be qualified as successful. This lack dfcgentifically
based approach resulted in the starting pointeftaduation project.

Primarily the aim of the project was to survey tlesign concepts of control rooms. Here the maigrést was

to find out what issues are really important in tlesign and how the design concepts of the cordmhs have
evolved over the years.

Besides an extensive literature study also acalstieasurements have been performed in order te makart
with defining the quality of a control room objaetly by measurements. Indeed, the control roomse wer
subjectively all qualified as good, while they diffin their concepts.

In the preceding both terms, control room and studiie used. Essentially these type of rooms aréhrcsame.
To distinguish both rooms, in this report the digifims presented by d’Antonio [1] are used. Theease of the
distinction between control rooms and studios & tkage of the room. A studio is referred to asoayxction
room in which, e.g., the music is played. In thesems the acoustics contribute to the charactéhefsound.
On the other hand the control rooms are referredstthe reproduction rooms. Here the acousticsigeoa
neutral environment to listen to pre-recorded infation. This project focussed on the reproductioieantrol
rooms.

0.1. Structure of the thesis

In the first chapter general issues regarding tman hearing system are discussed. Although it seaore
related to biological or psychoacoustics rathenthechitectural acoustics, it is very importantutaderstand
these phenomena to a great extent. In many casessisvhich are discussed in this chapter are fuedimnthe
bases for design decisions, although we are nohyalvaware of it. When we know the reason why some
decisions are made, we are able to protect ourselgainst mistakes in the design and can saveuiierner’s
money. Moreover, by knowing the adjacent ideas n@eahle to optimise some commonly used solutions.

In the subsequent chapter the architectural coreides regarding the design of control rooms aseussed.
There are no standards in which aspects of a daiioon design are placed on a record. However sange
European broadcasting corporations like the EBUI@ktlhave made recommendations regarding the dedign
a control room. The chapter starts with an ovendéthe existing recommendations and their main.

Due to very stringent perceptual requirements, @afdg in critical environments like control roomshere are
typical acoustical solutions. Therefore in the sghgent part of the chapter the most important iphyand
architectural principles are discussed such as rgeometry, absorption and reflection. The desiga obntrol
room is a process of optimisation between loudspeakoom and listener. To optimise the design obmtrol
room, it is also important to be aware of the Iqedskers and their interaction with the room. Althlouhis
tends to be more a topic of electroacoustics, sonp®rtant considerations regarding the loudspeakethe
control room are also presented in this chapter.

Chapter three starts with a brief historical ovewiof the development of the control room. Durihg years the
way of reproducing sound has evolved from monophantrol rooms to control rooms suited for stereo
reproduction and in the last decennium surrouncddias become more popular.
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In the past, several authors have presented gesygpabaches for the design of a control room. Theseepts
are still applied by designers all over the wordthough these concepts are not the golden solsitfon a
control room design, they all have proven therdityyalespite the enormous contradictions betwdsmt In
the subsequent part of chapter three the most baptgphilosophies are discussed in greater detail.

The latter part of the graduation project, acoastiseasurements were performed in six control rodheee of
them were designed by Ben Kok, three of them by Aalster. Both are well-known Dutch designers véth
almost contradictory philosophy. The designs of fdrener rooms are based on controlling the refbexdj the
latter one’s are based on suppression of the teftex This results in a completely different layofithe plan of
a control room. A profound description of theirlpBbphy is given in chapter four of this thesis.
Furthermore in this chapter the measurement reautsliscussed. The measurements have been pedftmyme
placing the microphones at 15 different positioosoading to a 5x3 matrix in every control room. §hésulted
in an overflow of data which could be extractechfrthe impulse responses. Only the most relevamtnpeters
regarding this thesis are discussed such as temiunal cross correlation IACC and the reverbenatiime Tao.
Besides evaluating the regular parameters, alsosthealled Bonello criterion is applied to the iitus
measurements in order to find out to what exteist¢dan be a starting point for qualifying the adimad quality
of a control room objectively.

10
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1. Human hearing system

1.1. Introduction

Although it seems to be a more biological than ptafanatter, the perception of sound needs to lukeratood
to a great extent in order to form and understéiedthieory of important issues and decisions to ddenduring
the design process of a control room. A lot hasnberitten about the way the ear works, how we ¢igec
sound and what psychoacoustical issues are imporntaur perception of a certain sensation. Thigptér will
give a brief summary of the most important issuasthe first paragraph the anatomy of the humanigar
presented. Thereafter the perception of the edbwitliscussed.

1.2. The anatomy of the human ear

The human ear can be divided in three differentspaach with their own characteristics and fumgid-irst the
sound will be received by the outer ear. Hereafter sound is directed to the middle ear. After idgree
adjustments are made by the ossicles, the soudueisted to the inner ear where it is transducéd ireural
signals. The figure below presents the anatomhehuman ear.

OUTER IMIDDLE ?INNER

estibule
/Vestibular- ner

Facial nerve

nerve

window
with sfapes ROU“ i
window RN
Middle ear
cavity

Figure 1 : Overview of the outer, middle and innerear. [From: Durrant and Lovrinic, 1995]
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1.2.1. Outer ear

The outer ear consists of the pinna, the ear @ththe eardrum (tympanic membrane). The primangtfan of

the pinna is the reception of sound. As the soandgeived by the pinna it is collected frequeneyahdent and
directed to the ear canal. This also results impliication of the received sound [3].

For a long time it was assumed that the only fumcbf the pinna was to collect sound and dirett ithe ear
canal. Research showed that the pinna is alsoingrgrtant for the localisation of a sound sourde [Especially

our perception of the elevation of a sound sowsaetermined by the spectral filtering of the pinhlis is more
elaborated in paragraph 1.3.1.2.

After receiving the sound by the pinna it is disgtto the ear canal. The ear canal as a resongstemsalso
amplifies the sound. Here the amplification is veffective since the air pressure can build ughattympanic
membrane. The strongest amplification occurs flsequency for which the wavelength is equal to fmeth of
the ear-canal length, typically 3.5 kHz. Besides ¢lar canal also has a protectoral function, egepithelium
covered with cilia [3]. After passing through tear canal, the sound arrives at the eardrum. Heredund is
transmitted to the middle ear.

1.2.2. Middle ear

The middle ear consists of the ossicles: malleusyd and the stapes, which is the smallest bowarirbody.
The middle ear is connected to the inner ear byotla window and the round window. For the relaomatof
high pressure in the ear the middle ear is alsoected to the nose by the Eustachian tube.

HELICOTREMA

. X~ OVAL
% { WINDOW

.‘!’ ‘ \
SOUND T VESTIBULAR CANPY

= -

COCHLEAR DUCY

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

Like the outer ear, the middle ear also has a protal function. The middle ear has to protect agfaioo high
sound pressure levels. Therefore the ossicledxa@ o the rest of the skull by small muscles. &sgent on the
sound pressure level these muscles will contracerapless and fix when the pressures get too [Bigh

Another characteristic of the middle ear is that sound is amplified by an impedance adjustmeris @n be
explained as follows. The cochlea is filled witliquid with a much larger impedance relative to #iein the
ear canal. When the cochlea was connected directhe eardrum, there would be a large impedarféereince.
This typically leads to reflection of the incomisgund at the eardrum. By adjusting the impedanitereince
between the two media the amount of reflected gneag be reduced, so the amount of energy traresitt
the cochlea will be increased.

12
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The mechanism which adjusts the impedance differdratween the ear canal and the cochlea is prelsante
Figure 3. As can be seen in the figure, on the lmamed the impedance adjustment is due to the piioport
between the area of the eardrum and the oval windewthis proportion is 18.6 : 1. On the othendhdahe
proportion of the distance from the eardrum todémtre of gravity of the malleus and from this cermtf gravity
to the oval window plays is important. This hagaportion of 1.3 : 1. Both the mechanisms resuk fiactor 24
of amplitude gain or 576 in intensity which agreeth a 28 dB amplification [3].

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

1.2.3. Inner ear

The inner ear, also presented in Figure 2, consisthe cochlea where the basilar membrane conyphsdé
cells which are connected to the auditory nerve.

When a certain sound pressure strikes the eardituis),transduced into vibrations, The middle easidss
transmit these vibrations to the cochlea. At thalovindow, the stapes drives the fluid in the ceehhnd
produces a travelling wave along the basilar men#r®n the cochlea sensory receptors are locatéchwh
transform the fluid vibration into a neural code.

The basilar membrane is very flexible and operates spectral filter. Every location on the membraan
move more or less independently and has its maxisemsitivity for a certain frequency. The furtherag from
the oval window, the lower the frequency the basitembrane is sensitive to.

300~ 200~ 100~ 50~

Amplitude —=

Distance from stapes —= [mm]

Figure 4 : Envelope of the travelling wave on the dsilar membrane. The further away from the stapes,
the lower the filtering frequency. [From: Békésy, D60]
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1.3. Perception of sound

The field of small room acoustics, especially tlesign of critical listening environments, is vetgsely related
to the psychoacoustic research field. Many of teeislons made to achieve the proper acoustic soldtr a
certain problem are directly derived from our petoal experiences. This paragraph will therefoseass the
perceptual issues which are important in the aaalstesign of a critical listening environment.

1.3.1. Sound localisation

When we are listening to a concert and e.g. théngi@re seated halfway left the stage, it is ingatr that we
also perceive the violins acoustically coming frdihat direction. This process of correctly percaivithe
auditory event is called sound localisation. Esplgciwhile reproducing a recording in a control moat is
important that the recording can be reproducedresige as possible, in other words the localisaltias to be
good. By knowing how localisation works and hoveatn be disturbed, expensive errors in the desigoess
can be avoided.

There are several important factors regarding ¢icalisation of a sound source. Primarily the inteshtime
differences (ITD) and interaural intensity diffecess (IID) give us cues of the direction of the seurThis
process is described with the duplex theory. We llsalise a sound source by binaural frequenciyaisaas a
consequence of our two ears and the movement dfiead. Furthermore directional cues, i.e. the ¢levaf a
source, are given by the pinna. In the next sestibase factors will be explained in more detail.

1.3.1.1. Duplex theory

According to the duplex theory the localisationacdound source is primarily determined by the tamd level
differences between the ears due to the shaper dfema and torso.

At frequencies with a wavelength shorter than tiemeéter of the head, that is approximately at fexmies
above 2 kHZ, the sound will be reflected by the head. In otherds, the head will shadow the sound source for
one ear with respect to the other. The resultas ah high frequencies, thus above 2 kHz, the s@oudce will
primarily be localised by interaural intensity difénces between the ears.

DISTANT SOURCE

di=r sw

d=rg

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

Because of the shape of our head a soundwave aiilt Bround our head. This results in path diffeesnc
between both ears (see Figure 5) which are perteaisenteraural time differences. Interaural tinféecences
are the dominant localisation cue at frequenciémbeay 1.5 to 2 kHz, because here the neural sydtes also
code the phase of the signal and the maximum p##rehce between right and left ears is smallanthalf a
period of the sound signal. Above 2 kHz the paffietBnce is longer than half a period whereby thase
coding becomes ambiguous.

! This frequency depends on the size of the headedter it has to be noted that this actually isaadition zone from say
1.5t0 2 kHz.
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1.3.1.2. Pinna reflections

When a sound source is placed on the median ptafierit of a person, the ITD, 1ID and phase differes as a
consequence of the path difference between theasarequal. When the sound source is placed behand
person on the median plane, the ITD, IID and ptdiferences are also equal. Nevertheless, we deetab
localise the sound source if it is in front or behus. Thus besides the ITD’s and 1ID’s there bdset other cues
for the localisation of a sound source.

In this respect, it appeared that the shape ofpihea plays a crucial role. As been told in thevjmes
paragraph, it was first assumed that the only fonobf the pinna was to collect the sound and dliiteioto the
ear canal, the pinna appeared to be quite importegiarding the localisation of sound.

The surface morphology of the pinna has two impdrtdaracteristics: it consists of small reflectsyfaces
and it is asymmetrical. Thus every change of thigdeaaf the incoming sound will lead to a changééhays and
thus in a different reflection pattern of the indgagisignal [1]. The figure below clarifies this gtacally.

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

Because of the angle dependent reflection pattieerpinna actually works as a spectral filter. As be noticed
from the figure, the higher a source will be placia shorter travel difference between the diaest reflected
sound will be, and so the time delay between the gignals. This results in a higher first spectréhimum
when a sound source is placed higher.

Figure 7 presents a pinna response of a soundesauitic an azimuth of 180located below ear level. On the
horizontal axis the frequency is plotted lineakitz, on the vertical axis the intensity is plotfeom —70 to 30
dB. As the figure reveals, the pinna introduceslediftering (See paragraph 1.3.2.1). But more intgatris that
it reveals that above the first minimum the lexeehpproximately 10 dB attenuated. This implies thatpinna
actually works as a low pass filter for sound caogrfiom the back of our head [5].

Figure 7: Pinna response for a sound source positied 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 soumdirse is the movement of our head. This procedses
explained by using the analogy of how birds can degth. Birds have their eyes on the side of theads.
Therefore the image they see with both eyes doesatth. To be able to see depth, the eye consttakbs
screenshots. The difference between the screenghats the bird a cue about distance and positiitsi
environment.

By humans this mechanism is applied in the ear.Mthe head is in a certain position there are duesthe
ITDs and IIDs, which characterise that position. a&ftmoving the head there is a new set of cues gBgn
comparing these with the preceding cues, we aeetalidetermine where a certain sound is coming.from

1.3.2. Coloration

When the spectral shape of a certain sound sigrages this is perceived as coloration of the soilihib
results in an accentuation of particular frequemdre speech or music so that certain notes or veeahds
assume unnatural prominence [12]. The spectrglesban be influenced by reflections or interferenicevo or
more signals. This is called comb filtering. In astics there are lots of examples which can intcedtoloration
such as room modes, speaker boundary interferarisalignment of loudspeakers and pinna reflections.

1.3.2.1. Comb filtering

The result of adding two or more identical signaith a certain time delay, viewed in the frequedoynain is
known as comb filtering. An idealised drawing isegi in the figure below.

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

The time difference of 20@s (see Figure 8) corresponds to a frequency of 3800The spectrum of the
combined signal has maxima at integer multiplethisf frequency. At odd multiples of this frequentcg, 2500
Hz, 7500 Hz, etc., the spectrum has minima.

As a result of the comb filtering, the spectralusture of the sound will change. This change isildedas
coloration of a certain signal. Moreover, the comtius change of the spectral pattern creates Itimoih of
changing the sound source elevation [4]. This ledamage shift. I.e. as a result of the comlefilig the image
shift is perceived as a movement in the verticahgl

Because of the importance of good sound localisadiad necessity of good sound reproduction in twoeng
comb filtering should be avoided as much as possibhis can be realised by moving the first minimtara
high frequency. The reciprocal relationship betw#es frequency and time reveals that thereforedilay
between the signals has to be optimised: the stihetedelay, the higher the comb filter frequendl get. So to
remove all the minima from the audible spectrumg, filme difference should be shorter tham®2%r 8.5 mm,
because then the first null in the energy frequeaagve will appear above the highest (human) aedibl
frequency of 20,000 Hz.
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In actual practice it is almost impossible to aghi¢his short delays by architectural solutionserEffore in this
respect attenuation, e.g. by absorption, or retiinece.g. by diffusion or redirecting, of the sidgis required in
such a way that the comb filtering is not perceilsgdhe listener.

1.3.3. Stereophonic perception

In the past there has been a lot of research opdtweption of stereophonic loudspeaker set-upsorgnothers
this was done by de Boer, Franssen and Blauert.r@$earch on stereophonic perception mainly happens
anechoic rooms. The loudspeakers are placed anhgle af 30 left and right from the listener, producing
coherent signals. The signal of one of the soundisot be delayed, this is called the direct sihrThe other
source will be delayed and is therefore calleddiélayed source. (See Figure 9)

DIRECT SOUND PHANTOM DELAYED SOUND

median plan

Figure 9: Example of a standard stereophonic measament set-up.

When both sources produce an identical signal aittequal level and no delay, the auditive systdsrpnets
this as if the signal is produced by a phantomamulaced symmetrically with respect to the megiame [7].
This effect is also called the summing localisatdfect. When the signal of one of the sources bélldelayed,
the phantom source slowly moves towards the unddiapurce. When the delaytime is between @8@nd 1
ms, the phantom source will be the undelayed sdiice

If the delaytime is more than 1 ms, the directienceived by the auditory system is primarily deteed by the
sound that reaches the ear first. This is calledldw of the first wavefront [7]. Thus, the crossoyoint from
summing localisation to the law of the first wawedt, this is the upper limit of an auditive evertease the
phantom source moves due to a delay between thedurges, is between 688 and 1 ms [7].

To define the upper limit of the situation where taw of the first wavefront is applicable is mdiificult. This

is dependent on several factors like level diffeemnbetween the sources, the type of signal, tgke af the
incoming sound and the delaytime. One of the pewegie 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 lef/60 dB as the signal and delayed this signainfrl to
160 ms. The subjects had to point out whether ttpeak with a certain delay was experienced as distg

regarding the speech intelligibility at that specfosition in the room. Moreover they had to irrdechow much
the level of the delayed signal had to be raisethéde the direct sound no longer audible. His itigation

showed that above a certain delay the auditorytevas separated into two separate events [7][8].

The first auditory event is coming from the directiof the direct sound. The second event comes frem
direction of the first incoming high level refleati. This reflection is called the echo of the fiestent. By
rendering the delay time versus the relative |aliference an echo threshold can be defined. Becatishe
used signal this actually is a threshold for theeg intelligibility impairment. Figure 10 showsetlecho-
threshold.
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Figure 10: A comparison of various thresholds for eflections; standard stereophonic loudspeaker
arrangement, base anglea= 8(° (data of Haas 1951, Meyer and Schodder 1952, Buggf 1961, Seraphim
1961). [From: Blauert, 1982]

The figure shows that in case the delay is less 8ams, the level of the echo can be 5 dB higélative to the
primary sound without being audible. Furthermorehows that if the delaytime is between 5 and 3Qthes
intensity level of the delayed signal has to bé&ast 10 dB louder than the undelayed signal teegpce the
delayed source as an echo [8].

The research also revealed that if the delaytinoeeds 30 ms, the speech intelligibility will be dimhed. The
echo is perceived as annoying at threshold vah@sintersect the curve of equal loudness at aydaiee of
approximately 65 ms and increase sharply as tteydighe is decreased.

When the reflected energy reaches the ear withirmS0 this will be integrated with the direct souadd
contributes to the perceived loudness of the sififjf8][11]. In practice this will be noticed ashsioadening of
the direct, undelayed source while the delayedcsoisrnot acoustically perceived [11].

Summarising it can be said that for delays less #tams the echoes will not be perceived as trcahe, even

if the level is higher than the primary sound. Tpimum in this case is nearby 20 ms. This is datfe Haas-

effect.

During the examination of Haas, at almost the séime a comparable research was performed in thdyS
Wallach, Newman and Rosenzweig [9]. Although thpegkmental methods differ, the substantial conolusi

are the same as Haas made. Wallkeichl called it the precedence effect. In literaturehbierms are used for
essentially the same effect.

By using a set of signals with the proper leveld delays, the Haas-zone can be extended. Thigristsoes
referred to as the Kuttruff-effect [10]. The contepextending the Haas-zone according to the Kffteffect is
given in the figure below. Among others this concspapplied in control rooms built according t@ thEDE
concept (see paragraph 3.5).

One Two Three Four
delay delays delays delays
& - - - = - a-
k=) N ~
o \ ~
3 " >
-
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AN N \‘
0 10 20 30 40 50 60 70 80 90 100

Time [ms]

Figure 11: Kuttruff-effect [After: Davis, 1997]

18



Human hearing system Chapter 1

1.3.4. Image shift of phantom sources

In the past de Boer among others has done researttte influence of level- and time differenceswasn two
loudspeakers with reference to the phantom sowikceHe placed two loudspeakers 3.5 m separated &ach
other, with a listener at 3.5 m distance on the iareglane between the two loudspeakers. This irmpdie
maximum angle between the loudspeaker and the methae of approximately 26

The results of his investigation are presentetiénfigures below.
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Figure 12: Level- and time differences with referene to the angle with median plane. [After: de Boer,
1940]

The most important conclusion drawn from his resleavas that in a situation in which both time- dedel
differences occur, the differences are additiveutatractive. This implies that the perceived somage can be
increased or decreased towards the situation ichwbinly one of the quantities is present. Thushwaibth
guantities it is possible to keep the sound imagefixed position.

This result was more profoundly researched by Meyet Schodder. They examined which combinations of
level- and time differences did not cause a moveraéthe phantom source. The results are givehenfigure
below.

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

For example, when the right speaker has a del&/rof with respect to the left speaker, the levahefright
loudspeaker should be 7 dB louder than the leftildpeaker to keep the sound image in the centerckatithe
two loudspeakers.

As stated before, in stereophonic sound reprodudtie localisation of sound sources is very impurta create

a stable sound image. According to the previousare$ of de Boer, Meyer and Schodder the time-level
differences between the loudspeakers are in thjge@ important cues.
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1.3.5. Interaural cross correlation (IACC)

The sound perceived at our ears can be represebjedtively with two head related impulse resporisggt)
[13]. These two responshg(t) andh,,(t) are important regarding the localisation and spatipression.

In the median plane of the ears these two resparsesheoretically, identical. Off axis these @sges are not
identical although there are still relations betwégem. At low frequencies these are interauragtdifferences,
ITD, and at high frequencies, above 2000 Hz, thedations are interaural intensity differences,.IlChe
interdependence between both impulse responsdsecaapresented by the Interaural Cross-correl&tiorction
(IACF), F () , between the sound sign&l&) andf,(t) at both ears which is defined by [13]:

()=tim—L 7

@ Fi Te¥ T -T

f,(t)f, (t+2)dt £|£1ms

wheref, (t) andf, () are approximately obtained signals fpyt) after passing through an A-weighted network
which corresponds to the ear sensitivityepresents the time interval of interest, usudily is the reverberation
time Tgo [S]. The time interval of 1 ms is chosen becab&eis the maximum interval delay between both.ears

The normalised IACF, (), is defined by

@ £ ()= F()

VF (O)F ”ij

where ~,(0) and F~,(0) represent the auto correlation functiorta® for the left and right ear. In other words
this is the sound energy arriving, at respectivihg, left and right ear [13]. The denominator imgel is the
geometrical mean of the sound energies arrivirgptt ears.

For discrete reflections which arrive after theedirsound the normalised IACF can be expressed by

N

® (e)= I posE
I

n=0

AF ()
0 ,AFD()

whereA is the amplitude of theth reflection relative to the amplitude of the dirsoundF () the IACC of
thenth reflection and=, () andF () the sound energies arriving at respectively éfieaind right ear.

The maximum value of the IACF represents the IntedaCross Correlation IACC. Therefore mathematycal
the IACC is defined as [13]:

(4) IACC =|f, (¢)

max
for the maximum interaural time delay{ 1ms

As shown in the Figure 14, the interaural delayetiof the maximum is denotefl... Whent,.c = 0 usually a
frontal sound image and well-balanced sound fieédpeerceived [13].

The width of the IACFW,.., is defined by the interval of delay time duringieh the function stays above a
threshold valued In fact this corresponds to the JND of the IAG€cording to Ando therefore the Apparent
Source Width (ASW), as defined by Beranek in [1#hy be perceived as a directional range correspgndi

mainly to theW,... For a sound field witht,,.c = 0, the width of the interaural cross-correlatfonction is
approximated by

4 .
5) Wiace »Wcosl 1-—=
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Figure 14 : Definitions of the IACC, #,..c and W, for the interaural cross-correlation function. [After:
Ando, 1998]

A well-defined directional impression correspondinghe interaural time delafy,. is perceived when listening
to sound with a sharp peak in the interaural comsselation function with a small value %,... When a sound
field has an IACC < 0,15 this is subjectively péved as diffuse. Therefore the IACQ,.. and W, are
independently related to the space oriented subgectttributes, respectively the subjective diffuses, the
image shift and the ASW [13].

Generally the IACC is defined for a time intervateen zero and infinity. In practice, for largemts, infinity
is in the order of the reverberation time of themp measured in a wide frequency band. The IACCatsm be
used for description of the dissimilarity of thgrsal arriving at the two ears. For the early rditats the time
interval between zero and 80 ms is used. For trerberant sound the sound arriving after 80 msési15].

It has to be noted that the IACC is a relative mamameter of which the subjective relevance i$ sibject of
discussion and research. Therefore it is very haréind proper data of the IACC. Moreover the IAGE
generally used in acoustical measurements in langen such as opera houses, concert halls and ¢keatr
Comparable measurement data of the IACC in smalnssuch as control rooms have not been founden th
literature.
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2. Architectural design issues of a control room

2.1. Introduction

Every room has its own acoustical characterisficsmake the room suitable as a critical listeningimmnment,
there are different architectural decisions whielvéhto be made, e.g. what room dimensions are atlpwhat
kind of material should be used on the walls eichls chapter the most commonly used solutionglaseribed.
Before discussing the architectural design issiiés,convenient to be aware of existing recomméinda and
standards relating to control room design. Thid W& discussed in the first subsection. Subsequeh#
geometry of the room will be discussed whereby maiténtion is paid to the evolution of the optimumom
ratios. Hereafter the finishing of the room will bealuated. What material is used, and more impgrtahat
characteristics should it have, e.g. absorptiveeflecting. Because the architectural design i® aksongly
related to the placement of loudspeakers, in papdge.5 the placement of loudspeakers is discussed.

2.2. Recommendations

The most important standard in room acousticsésI80O standard 3382:1997(E) [15]. This standarcceors
measurement and calculation methods for room aicaligtarameters in large rooms such as concers halti
theatres.

As this standard only concerns large rooms witkatissical sound field, it is not applicable in dhmaoms, i.e.
critical listening environments, with their distircharacteristic of a non-diffuse sound field.

Contrary to large room acoustics, there is no stethébr small room acoustics. For the benefit @f designers

as well as the users it is convenient to have skimg of frame to refer to. To achieve a uniformodéte
multichannel system the International TelecommuidcaUnion (ITU) and the European Broadcasting Wnio
(EBU) have edited recommendations. These recomntiendaare intended for the use in the assessment of
systems which introduce impairments so small d®tandetectable without rigorous control of theexkpental
conditions and appropriate statistical analyseg [22

Concerning the design of control rooms there am imwportant ITU recommendations, i.e. ITU-R BS.11116
and ITU-R BS.775-1 [22] [23]. The former one comsethe listening conditions. Among others this iiegpl
room acoustical design issues such as room shapgortions, reverberation time, sound field comfi§ etc.

The latter one concerns the loudspeaker arrangesoetiol rooms with or without accompanying picture

Based on the ITU recommendations the EBU has nfade tmportant recommendations regarding the listen
conditions. The listening conditions for monophoaia two-channel stereophonic presentations aengivthe
EBU document Tech 3276-1999 [18]. With respecth ¢arlier document Tech 3276-1997 [17] the doctmen
includes improved measurement methods for earlgatébns and specifications for the use of sepaiate
frequency loudspeakers. Supplement 1 to EBU Tedl6 329] specifies additional or altered requirenseiair
multichannel audio presentations. An extensionhef EBU Tech 3276 is the document EBU Tech 3286.[20]
This document describes a method for the assessrhrg quality of classical music programmes.

The ITU and EBU recommendations have been the gfadeother recommendations. Among others the AES
refers to the recommendations [24], but also theroBad Sound Forum refers to the documents in their
recommended practices [25].

It has to be noted that in contradiction to the IS@ndard all the above mentioned documents are
recommendations. Therefore all of the documentsnabmestrict the designer or client. Nevertheldss t
documents can be used as a tool for the designeelaas for the client in defining their demands 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 bensas a three-dimensional space bounded by surféattes
complex impedance. Solving the acoustic wave eguagjiives solutions in the form of eigenmodes with
characteristic time functions, damping factors apdtial distribution [27].

When a room is assumed with boundaries which havefinite stiffness, the eigenmodes and their igpat
distribution may be considered from a less ana{fiwint of view. A soundwave which approaches angary
will be reflected from the surface. The incidentlasflected soundwave will coincide, but travettie opposite
direction. Subsequently the reflected sound waVebeireflected at the opposite side and so on.

When the wavelength is an integer multiple of thtalttravel distance, the incident and reflectednsbwill be
phase-synchronous. Therefore the sound pressiretiofvaves will be additive. Two waves of this typlkich
travel in the opposite direction will establish argling wave pattern with sound pressure levelschviare
strongly dependent of the position in the room. Tésonance frequencies at which these standingsa@aaur
are called eigenmodes or roommodes.

The amplitude of the eigenmode is dependent ofraé¥actors like the frequency distribution of theurce,
impedance of the soundwave with respect to theneigele, the position in the room where the amplitisde
measured, source positions and room dimensions [28]

The eigenmodes behave like resonant systems becéttse energy transfer and storage mechanisms 124
eigenmodes have characteristic natural resonaagedncies with bandwidths which depend on theiividdal
loss (damping) factors and amplification factorsfé@tor) which also depend on the damping. As in atier
simple harmonic resonant systems the energy stdsagecyclical interchange between kinetic and ipigaé
energies [27].

For a mode between two opposing walls this wilelsplained. The volume of the air in the room camivided
in two parts. The middle part acts as a mass galiates between the ends and is resisted bytififireess of the
end parts which act as a spring. In the middlehefroom pressure is generated and energy can wisityas
kinetic. At the walls there may exist no velocitgneponents, thus the energy has to be entirely pateihe
energy is now cyclically exchanged between theawa@omponents.

Three types of eigenmodes can be distinguished ofbedescribed involves two surfaces and is calledaxial
mode. Eigenmodes which involve four surfaces atkedahe tangential modes. The sound pressure lefvel
these modes is —3dB relative to the axial modesallyithere are modes which involve sequentialletions
from six, or mores, surfaces. These are callesbltigue modes. The sound pressure level of thejoblmodes
relative to the sound pressure level of the axiadles is —6 dB.

Already in the 18 century the existence of eigenmodes was founddsgl Rayleigh. He defined an equation for
determining the resonance frequencies in rectangodans with infinitely stiff boundaries:

n 2 n 2 2
(5) f, :& x4 Y4 n,
2 1, l, B
where
f, : resonance frequency [Hz]
Co : velocity of sound [m/s]
Lo Iy, 1 : room dimension [m]
Ny, Ny, N, .integer 1, 2, ...

2.3.2. Distribution of the eigenmodes

In small rooms, such as control rooms, the lowet pathe frequency range is characterised by atixely
small number of resonance frequencies. At, or atpanresonance frequency the sound pressure leNddav
enhanced. Between the modes the enhancement witicear, thus there will be relative attenuatiohisTlow
frequency difference in sound pressure level isgiged as coloration of the sound field. If the mlodensity is
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high enough, the amplification will affect the peired sound entirely, and therefore the specttahaation will
not be perceived anymore.

The modal density\ [], in adiffusesound field can be approached by:

N:4pvf3+ PS f2+ L f

(6)
3, 4c,’ 8c,

where
f : frequency [HZ]
Y, : volume of the room M =1L,
S  total surface area fin - =20dy+ L.+ 1)
L : sum of edge lengths [m] =lg€ 1y + 1)
Co : velocity of sound [m/s]

The number of modes in a frequency band with aredinequencyf, and a bandwidtidf can be obtained by
differentiating equation (6):

(7) DN » ﬂf2+£f+£Df
C

2c? 8c

The bandwidttDf can be defined as the frequency difference betwee frequencies at which the pressure has
dropped 3 dB, so half power (see Figure 15) , wépect to the steady state sound pressure leweteaittain
moment [29]:

k
®) Df =f,- f =—"
p
where
K, : damping constant, representing room absorptioh [s

In a room which in which a certain excitation sibisaturned off,
the pressure will decrease exponentially accortnthe following

relation:

K .

9) p, (t) = —e " cosw,t

K,

where
Figure 15: Pressure versus

Pn : pressure of the™ mode at [Pa] frequency curve [From:
K : constant representing power, source locationraath volume  Bonello, 1981]
t : time [s]
W : normal angular frequency of the modé][s

The time required for the pressure to drop 60 #Bs the reverberation tinlgg [S], can be calculated from (9).
This results in

(20) Teo =—

When the equations (8) and (10) are combined, argeaquation for the bandwidth can be obtained:

691 22
»—

(11) Df =
Pl Teo
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As equation (11) shows, the bandwidth of the resoeamodes is constant if the reverberation time is
independent of the frequency. In control rooms teeerberation times is aimed to be constant with th
frequency. Therefore the bandwidth at the resonémecgiencies will be constant [29]. When it is ased that

in general the reverberation time of a control rasithvary be between 0.15 sec. to 0.4 sec. thiglies that the
bandwidth for the resonance modes varies betwéetn3.4.6 Hz.

Equation (7) presents the average modal density statistical diffuse sound field. That is, whee tinodal
overlap between the following resonance frequerisisgnificant. So, there has to be a certaindesgy which
marks the lower limit of the frequency range whitre average modal density of the sound field i$ igough
to create a statistical sound field. This frequerscgalled the critical frequendy. The figure below shows a
design graph for the determination of this crititabjuencyf..

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

A commonly used criterion for the critical frequgnfg is that the overlap between the adjacent modeglgho
overlap less or equal to half a bandwidth. Accagdim Walker, the critical frequency is the firstduency with
five modes in its bandwidth [30]. When the equatid7) and (11) are combined this frequency can be
expressed by:

2 3
(12) fc = E - L_ 2><T60 xc_ - E
lov 8c 4oV 1oV
This can be approximated by
3
(13) fc = TGLC - E
20V lov

In 1954 Schroeder defined the critical frequencgeldaon 10 modes per 1/3 octave bandwidth [31].oAig, he
primarily used the constant 4000, measurementabws authors showed that the theory is actuallidvfor
frequencies as low as [32]:
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(14) f_ =2000Q Teo
Y,

This frequency is also called the ‘Schroeder fregye

The formulas (12), (13) and (14) for the criticedduency are compared to each other. A plot ofrélselts is
shown in the figure below.
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Figure 17: Comparison of the critical frequencyf. according to Schroeder and Walker.

As the figure shows, generally the critical fregexedetermined according to Walker precisely, icoading to
eq. (12), is about 3 Hz higher towards the appratiom by equation (13). At low frequencies, up @k, the
difference increases a little. The difference betmvéne Schroeder frequency and the Walker freqgasrisifor
the lower and higher reverberation times up to 18 Between 100 and 120 Hz the differences betwben t
calculations are very small, i.e. within 2 Hz.

2.3.3. Optimisation of the mode distribution

The eigenmodes and their distribution can be vetyidental to the quality of a control room. Theref it is
important to get a grip on the eigenmodes in otdesptimise the quality of the control room. Becawd the
fact that the problems with the eigenmodes are Ingioblems at low frequencies, the room dimensiargsan
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 thebdison of the modes, e.g. coloration of the sowamdi
instability of the sound image, are known for agaime. In the past several authors have triedirtd &n
optimum ratio which the room dimensions should m&he very first who prescribed optimum room ratizess
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Sabine. In 1900 he already recommended an idgal &2 : 3 : 5. This suggestion is probably baseadthe
ratios of the harmonic intervals in music [33].

Bolt was one of the first who started research naigg the distribution of roommodes [34]. He exaedrthe
average modal spacing to achieve evenly spacedsndtierefore he assumed that if the modal freqesraie
evenly spaced, the problems with peaks and dipeermodal response will be reduced. Currently kriswn
that the average spacing is not ideal. A bettersomeais the standard deviation of the mode spddity

The same ratio as proposed by Sabine, 2 : 3 :dhggested by Bolt. Moreover Bolt suggests thenmyota ratio
1:2%: 4" (1:1.26 : 1.59) According to Bolt there is a broad area whereaherage spacing criterion is
applicable. He presented this in a typical grapbhesvn below. This graph is also known as the Badph.

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

A research of Sepmeyer in 1965 concerned the freyu@and angular distribution of normal modes in
rectangular rooms [35]. His research resulted iaetoptimum ratios, given in the table below. Oohe of the
ratios (1.14 : 1.39 : 1) does not fit in the Balagh.

Table 1: Ratios according to Sepmeyer

X Y Y4
1.14 1.39 1
1.28 1.54 1
1.60 2.33 1

In 1971 Louden presented an article in which hevemad 125 different ratios [36]. To achieve a disttion as
even as possible he states that an ideal room wad intervals between the adjacent modes acaptdithe

2 This ratio is commonly used as 1 : 1.25: 1.6
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curve ofd/aN which can be obtained by equation (7). The graatdeviation between the actual interspacings
andd/aN, the worse it will be for the acoustic qualitytbé room.

Louden calculated the different ratios for an aebity chosen standard volume of 201.8, ffihe ratios in the
form X : Y :1 are investigated. For X the rangenfrdé.1 to 1.9 was used in steps of 0.1, and forevrémge from
1.2 to 2.8 was used, also with steps of 0.1. Téssilts in 125 examined ratfod he table below shows the five
best results from his research. All the resultsisfresearch are given in Appendix I.

The discritised examination of Louden limits themher of solutions found. By using the proper altns
nowadays the need for discritisation is not neagsanymore. This is outlined in paragraph 2.3.R8t, the
ratio of 1.9 : 1.4 : 1 is still well-known and apgal by several designers.

Table 2 : Optimum room ratios according to Louden.

X Y z s
1 1.9 14 1 1.1445
2 1.9 1.3 1 1.1542
3 15 21 1 1.1677
4 15 2.2 1 1.2064
5 1.2 15 1 1.2158
2.3.3.1.2. Walker dimensions (ITU / EBU recommendation)

From a practical point of view it is necessary tfink arange of optimum ratios instead of a specific ratio.
Therefore a computer program was developed by Walkéh which he could produce a quality-index for
rectangular rooms with different proportions [38farting point in defining the quality-index is tigeneral
assumption that a rectangular room has four degrédeeedom regarding the distribution of room me&de
volume, height, width and length. Portraying thalgy-index would therefore be a four dimensionkdtpBy
fixing one or more of the variables the numbernafependent axes can be reduced. For example, violhene

is fixed, there are two independent axes left:I&émgth/height and width/height ratios. So the quahidex can
be portrayed as a two-dimensional plot.

To calculate the quality-index, the mean squareisgaof the mode frequencies was calculated. Tbezethe
frequency difference between every pair of modesaigulated and squared. Subsequently all the sduar
differences have to be summed and divided by tineben of modes included. Thus:

Df )
(15) Qi - ( nms)

NOM
Where
Q : quality-index [HZ
Ohms  : frequency difference between two adjacent moftéz]
NOM : number of modes included [-]

The advantage of this method is that in this way widely spaced modes, that is in the lower endhef
frequency range, are weighted more.

In Figure 19 an example of this procedure is shd@atause of the fact that in the figure the volusiixed, the
height must vary as the floor proportions changlee fiumerical values shown are the mean square mode
spacing. The smaller the value, the better a raogualified. In the figure the optimum room ratare 1.40 :
1.19: 1 for cubic rooms and 2.2 : 1.75 : 1 formsowhere the width and length are twice the height.

3 Actually these combinations give 153 differentast But 28 of these ratios are the same, but fiergifit order. E.g. 1.5 :
1.8:1and1.8:15:1.
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Figure 19 : Contour map of a room quality-index wit a fixed volume of 200 M using mean square mode
spacing. To avoid fractions, the mean square resugltare 10 times multiplied. [From: Walker, 1996]

This kind of plots was also made by fixing the ignstead of the volume. This was done by differegights
of 2.5 to 4.0 m. The general shape and charactétreofontours and the areas of ‘good’ and ‘poadms were
essentially identical although the numerical valoithe quality-index were significantly differef2].

Based on preceding examination by making qualitycies of different room proportion, a criterion wiefined.

The contour map of the situation with a fixed heigh3.5 meters and a variable volume was usedrafeeence.
The figure below shows the map.

Figure 20: Contour map of the quality-index, calcuated with a fixed height of 3.5 m. and a variable
volume. The grey area presents the room proportiodesign criterion. [From: Walker, 1996]
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As the figure shows there is a large area withtévetproportional ratios. By defining this area th@om
proportions are no longer restricted to a certaildegn ratio, which enables the designer in somesdns to
work much more efficient. l.e. with a range of rogmoportions the volume might be used much more
efficiently.

I
The lower limit for the length-to-width ratic;—, has a value of 1.1. This is indicated with time &-a in Figure
W

20. This can be rewritten in the following formulehich presents the lower limit of the criterion:

(16) lagg o LaWyy
w h h

where:

I :length [m]

w swidth [m]

h . height [m]

|
The upper limit for the length-to-height ratifﬁ, is altered to the linb-bin Figure 20. The equation of lifeb
is:

17) LT
h™ “h

The new criterion which can be used for the roomatiisions of an acoustically small room can nowdfendd
as [38]:

(18) 1.1‘%’ £'—h £ 4.5‘%’ .4 with 1 <3h and  w<3h

As can be seen from the formula and Figure 20 & washge of room proportions without unjustified lessgon
zones is permitted. Because in most cases thethisigiie smallest dimension, the criterion is oa #ssential
practical limitation of a fixed height and a vaflalvolume. Because the numerical values are weddghendent
on the room height, the criterion can be used lfameasonable room heights [42].

Moreover, the criterion is taken over by the Eumpd@roadcasting Union (EBU), for which the work was
originally carried out, and the International Teleununication Union (ITU) in their recommendatiors f
listening rooms [38] [39]. The EBU and ITU remarktheir recommendations that the ratio$, @ andh should
be avoided if they are within 5% of integer valudseach other, because this increases the chantieeof
occurrence of modes. At the moment most desigresrshe criterion in their first design approach.

2.3.3.2. Bonello criterion

In 1981 Bonello presented an article in which heppsed a criterion for the distribution of normabdes in a
room [29]. He calculated the first 48 modes acaaydio the Rayleigh equation. (Eq. (5)) Subsequettity
frequency spectrum was divided in 1/3-octaves vwatisrand the number of modes in each interval wasted.
The assumption that the ear is unable to discrim@inagdes within an interval, but only observessm of the
total sound energy received in that band makekitsible to count the number of modes. Finally/&dctave
bandwidth is used. The reason to use a relativeadsof an absolute bandwidth is because of tharitbgnic
characteristic of the ear [29].

As been stated in paragraph 2.3.3.1, the soundymesf the different types of modes relative toheather is
different. Therefore it can be argued to weight tliderent modes. Moreover it can be argued to timte
account the loudness of each band due to the eattisity. Because it is not easy to know the isignof an
axial, tangential or obligue mode beforehand, among others the number of reflections they hadfis
importance, it is preferred by Bonello to supposeegual energy’ concept. [37]
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According to the preceding concept the modal deifisiiction per 1/3-octave ban@=F(f), is calculated for the
frequency intervals between 10 and 200 Hz. To aedllyis, Bonello formulated the following criterion

1. The modal density functio®=F(f) should be monotonically non-decreasing. l.e. eb@ioctave band
should have equal or more modes than the precediag

2. There should be no double modes. Or, at most, daubdes will be tolerated only in 1/3-octave banwith
densities equal to or greater than 5.

Bonello compared his criterion to different ‘goldeatios’ given by Knudsen, Olsen and Bolt. In tligufe
below the Bolt graph is presented. In the graphlé¢tters A to P are drawn. These are the ratiostich the
criterion is applied. In general it appeared thlanhs ratios complied with both the criteria of Battd Bonello.
Eg.F(2:15:1)and (1.8 : 1.4 :1). Othars accepted by Bonello even though they are autbid Bolt
graph, e.g. E (2.3 : 1.9 : 1), or not accepted bypello even though complying to Bolt’s criteriongeD (2.3 :
15:1).

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

The criterion was published in 1981 and duringgast 20 years intensively used in the designs iotircbrooms
all over the world. During this period the criterits extended with the following rules of thumb [37

1. Rooms that only have one mode less in a band wihect to the previous can be considered ‘godtheif
total amount of modes in that band is more or etjutiiree.

2. The room should be calculated with the exact pregasom dimensions, approximately 3% more in size
and approximately 3% less in size. The criterioouth fulfil all three the rooms, so one real roond doth
the virtual rooms.

2.3.3.3. Distributed mode optimization

The most recent developments with respect to tleenrdimensions are done by Cox and d’Antonio. They
developed a new method called Direct Mode OptinasafDMO) [41]. In contrast to conventional apprbas
which are mainly focussed to the distribution af thodes in the room, they consider the real mosigorese of
the room and included absorption effects, weightihthe modes and the bandwidth of the mode.

The DMO-method is a numerical optimisation of thegfiency response of a room to achieve a flat asilgle
frequency response curve. The criteria used ipést are all derived from the known Rayleigh equmatiThere
are a few shortcomings in this formula [41]. Fitstan only be applied if it is assumed that themois a
rectangular box with infinite stiff walls. Secondiye influence of absorption is neglected. Thigriportant for

evaluation criteria which examine the modal freques or spacing of modes. Moreover, absorption acts
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different on axial, tangential and oblique modelse Thagnitude of an axial mode is the greatestjthwil be

damped least regarding the tangential and oblicoges Therefore weighting the type of mode is adtaxt In
the past this was never done, although Gilfordudised the prominence of axial modes regarding bpstadios
[42].

To avoid these shortcomings, the DMO-method usgsrithms which take absorption and impedance of the
surfaces into account. Furthermore, the type oferisdliscounted. Because the model acts directth@modal
response of the room, a criterion based on modeirgpas no longer required. However some kind of an
evaluation criterion is required. This criteriomdae based on the modal response of the room,hemefdre it

will be easier to relate it to the human percepf#t].

To achieve a flat power spectrum two models hawn lmnsidered to predict the modal response. Auéecy
based modal decomposition model and a time basageimource model. Starting point in both modessrisom
with an omni-directional microphone in one of thegrers and a loudspeaker in the opposite corner.

2.3.3.3.1. Modal decomposition model

This frequency based model is applicable whenntigedance of the borders is large and real. Wherm iis
considered as a second order resonator (see aBgrggh 2.3.1), the pressugr, 1) at positionr(x,y,z)in the
room, due to a source tXo,Yo,%) With an angular frequenayis given by :

e AT R)
no n,on (Wz' Wzn' JZVVrO’rW)

(19) p(r,w) =
where d presents a damping constant akga function of the position of the source and reseiand the
frequency.

Formula (19) gives the frequency response of thiesmission path between the source and the rec@ives it
enables us to determine the pressure in a rooreay position, at any frequency in the room.

2.3.3.3.2. Image Source model

The image source model is much faster than the hamtamposition model for box-shaped rooms. Onee th
energy impulse response is obtained, the frequessponse is formed by a Fourier Transformation.rdfoee
the following relation is valid:

¥ ¥ ¥ 2 , 1
(20) E(,r,r)= R~
noon, on, =l d i
Where
E(t,r,ro) : energy impulse response
ni : surface reflection factor
dzn,i : distance between source and surface

The disadvantage of this method is that the acguphthe calculation decreases with an increashmpgption
factor because then the image source can no Idmgexeen as a pure point source. Moreover, the aocur
decreases with increased order of the reflectiacab®e the higher the order of the reflection ttss leigh
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 thom is important. In order to optimise the aticab
quality of a control room two techniques can gelheiae distinguished, i.e. diffusion and absorptidm the
following of this paragraph these techniques wélldutlined in more detail.

2.4.1. Diffusion / Diffraction

To distribute the incident waves by scattering thetm many wavelets having equal energy over a \aiagular
range lots of methods have been applied, i.e. raterg absorbing and reflecting panels, curved Igane
geometrical irregular shapes etc. Moreover it wagseld that this spatial distribution occurred ovér@ad range
of frequencies. This paragraph briefly describesmiost common diffusion techniques and applications

2.4.1.1. Conventional diffusion

24.1.1.1. Placement of a surface

Different types of diffusion have been appliedfie past. With conventional diffusion is referredé¢ohniques
whereby relatively easy diffusion or, maybe bettess specular reflections are obtained only byube of
building materials. One method to redirect, nofudié, an incoming sound wave is by splaying thel.wal
practice it appears that angles which are fractadrg, i.e. 7.5 or 15, are used. There has not been found any
scientific background for these angles. Probabéy dhigin of these numbers is that these are maHipif the
required listening triangle (See paragraph 2.5.249 relatively easy to explain and comprehend tfier
carpenters to build.

Some kind of diffusion can also be obtained byrad&ng materials with certain surface properties.
absorbing material and reflecting material. Thisufts in a wall with a mesh or grid. In the figurelow the
mesh is accentuated by the colours (dark and ligks in the photo). On the other hand by applyarg
acoustical transparent curtain the grid can alscdneealed.

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

24.1.1.2. Finishing of a surface

Also by adjusting the surface morphology of a nmiatesome kind of diffusion can be obtained. Forregée
when a smooth concrete wall is provided with a tayferough cemented plaster, this gives some highuent
diffusion. This kind of diffusion has been applied many centuries, although it can be doubtetiwas always
aimed to increase the diffusion instead of thealisspects of the contemporary styles. An examiptki®is the
ceiling of the Amsterdam Concertgebouw. Among athtre distinct surface morphology of the ceiling
contributes to the highly acclaimed acoustics eftiall nowadays.
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Another technique that was frequently used is basethe so called 1:4 principle. For this princighere also
has not been found any scientific literature, altftoit seems to be based on k tglationship. (See paragraph
2.4.2.2) The idea of this kind of diffusion is rattsimple; the depth of a surface should be fouesi the width
of the element. A concept example in Figure 23.itAhows it can be applied in a zig-zag shapesoranvex
surfaces.

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

To make this type of diffusion more broadband thme principle can be applied on the element it3difs is
comparable to a so called Koch curve [44] whicprissented in the figure below.

Figure 24: Koch curve

2.4.1.2. Schroeder diffusors

24.1.2.1. General

Based on a number theory presented by Schroederastpossible to construct one-dimensional and two-
dimensional diffusors. The one-dimensional diffusor primitive root (PR) diffusor consists of a pmtic
grouping of an array of slots or wells of equal thidbut different depths, separated by thin rigidisvdn the
two-dimensional diffusor or quadratic residue (Qiffusor the different depth wells and their rigiividing
well walls form a lattice or grid pattern [43]. Tfigures below present some examples of the diffed#fusor

types.
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(a) (b) (©)
Figure 25: 1D diffusor (a, b), 2D diffusor (c) [Coutesy: RPG diffusor systems]

The well depths are determined by mathematical esecps which have the critical property that therkeou
Transform of the exponentiated sequence valuesahesnstant magnitude. The QR sequence satisfiss thi
requirement exactly at the design frequeficyThe PR sequence provides an approximate constaghitude
over the scattering bandwidth. In appendix Il tlgoathms for a Schroeder diffusor are given.

Schroeder diffusors are widely used in concertsh#fieatres and control rooms. Besides their difeuguality,

it also appeared that they absorb, mainly belowdt#sign frequency of the diffusors, considerabBj[Among
others Fujiwara, Kuttruff and Wu have performecentive research on this subject. Kuttruff's rededds]
revealed that due to a strong interaction betwessh eof the elements, the wells are tuned for aifpec
resonance frequency. This results in an air flowhat mouth of a well with a higher velocity thare thartial
velocities in the direct sound field. Hence theiikt me pressure differences between the slots.h&seiqualising
flows lead to a much higher energy loss than isatéid by channels of equal depth, this introducts dow
frequent absorption.

Fujiwara’s examination [47] showed that also a poamstruction of the diffusor contributes to exdtzsorption

of the diffusor in the lower frequencies. The bagace behind the well bottom and small gaps betwleen
components increase the low frequency absorptidiind-the back space with a material with a higher
impedance as the construction material of the siffbottom and painting the elements appeared teebe
effective regarding the reduction of the low freqexe absorption of the diffusor.

In a research of Wu [48] this low frequency absiorpis used to create a profiled structure to imprthe low
frequency absorption. Eventually it appeared tipiyang a perforated element as a well bottom ireeement
which consists of wells with an equal depth, hdelest low frequency absorbing characteristicsadditional
benefit of this method is that there is a posgipth fine-tune the corresponding space.

2.4.2. Absorption

As has been outlined in chapter 1 reflections caimoduce some kind of distortion on the sound imagehis

paragraph one of the mechanisms to control theatidins, i.e. attenuation, is discussed. To attendiaturbing
reflections, the walls are treated with absorptidhe attenuation of the reflections by absorptibaracterises
itself by the fact that it transfers the energpiheat at a specific frequency or frequency range.

Different types of absorbers can be distinguistesth with their own characteristics, benefits arambacks.
Generally we distinguish two main groups, i.e. ploeous absorbers and the resonators. In the fallpwhiese
will be discussed in higher detail.

2.4.2.1. Porous absorbers

A porous absorber is basically a material with peropore structure, e.g. mineral wool. The inconangustic
energy is transferred into heat by the friction Waeve goes through by the molecules of the matdfiaim the
general wave equation it can be derived that theirmam velocity of a standing wave occurs dt &nd 34 in
front of a rigid wall. Therefore the thickness betmaterial is very important regarding the effattiof the
absorber.
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Figure 26 : Application principle of a porous absober.

(b)

The frequency at which a porous absorber is mésttdfe,f, [Hz], can be calculated with
a7) fo =—

wherec is the velocity of sound in [m/s]is the thickness of the material in m.

Porous absorbers are mainly used for high frequettisprption. The presence of an air space between t
material and a rigid wall (Figure 26 (b)) resultsan increase of absorption at low frequenciesingrease in
the air space is accompanied by a shift of the mami absorption towards the low frequencies andnto a
increase in the maximum coefficient [50]. The figlrelow confirms this by measurements of Mankovsky.

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

Furthermore, eq. (17) shows that in case of apglynlarger thickness, the absorber can also aet lasv
frequency absorber. A porous low frequent absoidatso known as a bass trap. In control roomstiue of
low frequency absorption is quite common to suppthe eigenmodes. They are mainly placed in theecsrof
the room because they are there most effective.

For normal incidence the absorption coefficiena@forous layer can be obtained by [51]:

4s

18 =
( ) a (1+s)2

Wheres [-] represents the porosity factor of a certaatenial.
Table 3 presents a few materials with their poydsittors.
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Table 3 : Range of measured porosity factors [AfterCremer and Miller, 1982]

Material Porosity
factor ( s)
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. Rasos are often presented as mass-spring systengrally
two types of resonators can be distinguished, litecs Helmholtz resonators and the panel resasatbhe
main characteristic of the resonators is that tteeybe tuned to a specific frequency, the resonagaencyf,,
at which they are most effective.

2.4.2.2.1. Slit absorbers

The mass-spring system of a slit absorber consfstse air in the neck of the resonator which repris the
mass and the air in the volume behind which repitesthe spring of the system. In the figure beltw t
principle of a slit absorber is drawn.

Figure 28 : Principle application of a slit absorbe.

The mass of the neck and the compliance with thenwe behind is the resonating system of a slit di#go In
essence this type of resonator is based on thetiedwf energy due to the decrease in the partielecity of
the sound energy in the air.

When the internal resistance of the Helmholtz-rasomis low, the effective bandwidth of the abseorisevery
small. ThusQ-factor of the absorber is high [49].

Already in 1896 the resonance frequency of a Heltahhesonator with a cylindrical neck was defingdLiord
Rayleigh. He found that the resonance frequencgudoh an absorber can be found according to théari
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(19) L . SR T s
20\ 1'V 2
Where
c : velocity of sound [m/s]
A : cross sectional area neck Im
I : effective length of the neck [m]
I : length of the neck [m]
r : radius of the neck [m]
Y, : volume behind the neck fin
[ " <

Figure 29 : Principle of a slit absorber with a cyindrical neck.

Almost half a century later in 1940 the generairfola for slit absorbers was derived by Peterson:

c b
(20) fo = 5
2X0 c
|+ —x 112+In—— xA

p pxf,
Where
b : width of the slit i
I : length of the neck [th
A’ : cross sectional area behind the neck 9 [m

Figure 30 : Principle of a slit resonator.

The bandwidtiDfy, of a slit absorber is defined as the frequencgedmetween frequencies whereby the sound
pressure level is 3 dB down with respect to thégieequencyf :

_ 8p3vf*

CZ

(21) Df
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One of the advantages of this type of absorbédrasthey can be applied over a very large randesgtiencies,

although it has to be remarked that in some caseslements can become quite large. Furthermorslithe
absorber has the advantage that it can be tunexvafids. For example when a control room is finishied due

to construction errors there are some acoustiontiishs, it is possible to tune the absorber aféeds. Therefore
a microphone is placed in the absorber. Subsequiralwidth of the slit is adjusted until the desiresonance
frequency is obtained.

In the table below an example is given of an abmowith cross sectional area behind the n&ckf 0.005 crf,
length of the neckis 0.05 m and the volume of the resonatds 0.02 M. For this element a frequency range of
160 Hz can be realised by varying the widtitom 0.5 to 3.0 cm.

Table 4 : Example of possible tuning frequencies fa slit resonator with the fixed parametersA' = 0.005
m?, 1 =0.05m,V = 0.02 ni.

blcm]  fo[HZ] Df [Hz]
0.5 373.0 236.6
1.0 4271  407.8
1.5 4625  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 theomators afterwards is also a drawback of the Heltimh
resonator. Because the tuning is so critical, sad®liations during the construction can have laffects on the
quality of the resonator. Therefore a slit absorblgrays has to be tuned in situ, which is a reddyitime

consuming matter. Furthermore the slit absorbex  called active absorber which has an open ctione
between the resonating volume and the air in tloenroThis results in non-linear distortion of thesapator.

Normally this distortion is negligible. Although gritical listening environments, especially neaudspeakers,
this interaction can distort the sound image peetkiby the engineer. This is one of the main remsoany
control room designers refuse to apply slit absarbetheir designs.

2.4.2.2.2. Panel absorbers

In contradiction to a slit absorber, a panel absoib a selective low frequency absorber. In pcacthe panel
absorber is most commonly used. The main advarthtfee panel absorber is that many of those cafoined

in every room. For instance, a ceiling or a flogtitoor are examples of mechanisms which also aqiamel
absorbers.

A panel absorber can also be presented as a m@isg-spstem. In this case the mass is not an dimuo but

the mass of the panel itself. The spring is givethe coupling, i.e. the air space, between thelpamd the wall
behind, and the stuffing of the airspace betwedm figure below presents a principle applicatioragfanel
absorber.

Figure 31 : Principle application of a panel absorbr.
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The frequency at which a panel absorber is mosttfk, i.e. the resonance frequerigjHz], depends on the
mass of the panel and the distance between theamdllthe panel. Additionally, the angle of incideris
important regarding the resonating frequency ofsystem. If a panel with a masgkg/m? is placed in front of
a wall with a distancel [m] and the space between the panel and the wdilléd with air, the resonance
frequency is defined as

(22) f, =

(@]
ia

For non-perpendicular incidence a correction halsetanade for the angle of incidence[°] (see Figure 32).
Therefore in case of non-perpendicular incidenaegtgn (22) has to be adjusted to [51]:

60

(23) fo,) =——F—
0@ cosz+/ md

z[°]

Figure 32 : Definition of the angle of incidencez [°]

To increase the efficiency of the absorber, thesgretween the wall and the panel can be filleth @iporous
material such as mineral wool. In that case thenfda (22) has to be corrected with a porosity fastoSome
practical values fos are given in Table 3. Furthermore the isothermm@ssion for frequencies below 500 Hz
has to be taken into account. Now the resonancgidrecy in case the space between the wall andathel |5
filled with a porous material can be defined ag[51

(24) fo =

The absorption of a panel resonator is mainly dépehon the angle of incidence and the frequendymifig
[51]. It can be derived that the general equat@rabsorption of a panel resonator is

25) 2 _ a jrox ., 2C0sz
(1.2) f, 2 l+cosz

1+ 2

H

When the soundwave impinges a resonator perpeadiguhe angle of incidence is°.0ln this case the

absorption of the resonator is maximal. &g is equal toa ns The half power bandwidtbfy [Hz] is defined
as in equation (21).

As been outlined before the bandwidth of a paredmator can be extended by stuffing the cavity wigrorous

material. Figure 33 presents a comparison betweesanator whereby the cavity is empty and stufiiebas to

be noted that the maximum absorpt®p.yis set to 0.9 and the porosity facwof the stuffing material to 0.5.
It can be observed that the peak in the curvedadened by adding material into cavity. Moreoveait be seen
that for the higher frequencies, i.e. above 400thiz absorption coefficient doubles.
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Figure 33 : Effect of adding material in the cavityon the bandwidth of the absorber. & ,.x= 0.9;s = 0.5)

Cavity = = = Stuffed cavity ‘

2.4.2.2.3. Y4l -resonators

The sound energy emitted by a loudspeaker traveita the loudspeaker to the engineer and continuelet
rear wall where it is reflected back to the engindeis reflection can be detrimental to the soumage
perceived by the engineer because of the interferdsetween the direct sound and the reflected sound
Absorbing this high level reflection with a pandisarber might be quite ineffective because of #et that a
panel absorber needs a few cycles to be most ifef$2]. In order to maintain the energy but ortie
destructive reflection a Faresonator can be applied.

A ¥d -resonator is a large well, e.g. behind a wall, iebg the energy will be released ¥ater in time relative
to when it should be reflected by the wall. As sutethe destructive interference at the desigritiposwill be
reduced. The frequency at which the resonator belleffective depends on the length of the well.. B.g
resonator which is effective at 100 Hz has to ralength of 0.85 meters.

d=vl I=d

A
<

v

m— A

v

2

Yy, ‘ » ]
7 . & |
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Figure 34 : Concept of a Ha-resonator

The % -resonator has a few drawbacks. Like the slit- padel- absorber, the effectivity of d Yesonator is
temperature dependent and, because they are eaesonators, they can cause non-linear distorfiba.main
disadvantage of this absorber is that it is onfeaive at a specific position because the specdgpnance
frequency at which it is designed is based on tsi&dce between a certain position in the roomthadvall.
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2.5. Loudspeaker arrangement

2.5.1. Introduction

The early control rooms were very small and onliyadlie for monophonic recording. Therefore in thesatrol
rooms the placement of loudspeakers was not impiord least, it was not considered to be important

In the 1950's it is, initiated by the film industrthe beginning of the stereophonic recording amtaduction
techniques. Because of the important interactidwden loudspeakers mutually and the interactiowéen the
loudspeakers and the room a conceptual changesidakign of control rooms was necessary. Many atem
were made to redesign the existing monophonic obmgroms to satisfy the requirements for stereophon
recording. But there were a lot of shortcomings.

One type of modification was adding another soattae opposite wall with the mixer between the soarces
behind the console. Another concept was placingldespeakers at both sides of the console nexheo
window and inclining them forward. Finally it wased to turn the monitors 9Qelative to the window, so the
engineer had to turn his head°9om the stereo loudspeaker. The figure below setieally shows the
different layouts.

SZ

Figure 35: Schematic drawings of the early attempt$o make a monophonic control room suitable for
stereophonic recordings.

2.5.2. Arrangement types

Nowadays the EBU and the ITU have made recommemgatvherein the position of the loudspeaker toward
the listening position is given [18] [23]. Figur8 8hows a reference loudspeaker arrangement witsfreakers
left, centre, right and the left and right surrodaddspeakers. In the subsequent part of the pgphghe most
important arrangements will be discussed in motailde

25.2.1. Stereo loudspeaker arrangement

The minimum loudspeaker arrangement in a controfrds the two channel stereo arrangement. Accortting
the recommendations of both EBU and ITU the loudkpes should be placed with respect to the listanan

arc of 60. Research showed that an increase of this arortdisthe localisation of the soundsource and the
creation of the sound image.

Because the loudspeakers have to be located syioatlgtin order to create a stable sound image tbssilts

for every control room in a typical equal-sidedamgle between the loudspeakers and the design esrgin
position (see Figure 36).
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Figure 36 : Example of the typical listening triande. [Courtesy: Balster, 2001]

As can be seen in the figure above, the third goofi¢he triangle, indicated with an A, is behire: tdesigned
engineer position. This is a doubtful issue. Thame designers who insist on having the triangleirtaethe
engineer while in that situation most of the peredisound is direct energy which is higher in leteln the
reflections. This should overcome problems like bdittering or losing the definition in the sourmage.

On the other hand there are designers who prefeae the third corneat the engineer position. In chapter 1 it
was already revealed that time- and level diffeesnbetween the loudspeakers are very importanhen t
perception of the loudspeakers. The optimisatiorthef time and level differences in the given lowdser
arrangement only works for the median plane betwtbenloudspeakers. Thus, in case that there are mor
listeners in the room, they should be positionddrmkeach other in a line so that they all can lgeod sound
image. By level and time differences the optimustelning area can be enlarged. As Franssen [54fstgydhe
listeners should be placed behind the on-axis lirfieke directed loudspeakers. (See Figure 37)

/ \,
/ N,
/ \,
/ \
/ \,
/ \,
/ \,
/ \
/ \
/ \,
7 \
/ \

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

When people move to the right in this loudspeakesirmyement for instance, this implies an increaskevel
from the right loudspeaker and a decrease of théoledspeaker. On the other hand the time diffeecmetween
the loudspeakers increases. This should resultiora stable sound image.
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100°
120°

Figure 38: Loudspeaker arrangment according to ITU[From: ITU 775-1, 1994]

Besides the angle between the loudspeaker andhtfieeer also the distance with reference to therer has to
be determined. The EBU recommends a distance bettheeloudspeakers of 2.0 to 4.0 meters. Therdfore
distance perpendicular on the axis between thesjmemkersi( in Figure 39) should be 90% of the distance
between the loudspeakers, so 1.8 to 3.6 meters.

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

Table 5 shows the results of an investigation bkiMéa and Anet [53] in which they examined amaothers
the in situ arrangements of loudspeakers in conbmins. As the table shows the results agree vetlywith the
EBU and ITU recommendations. The average distaet@den the listener and the left and right chamvitd
respect to the listener in a stereo loudspeak@ngement is 2.36 to 2.39 m. In the case of an edrdre
speaker the average is 2.66 meters.
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Table 5 : Mean listening distances in meters of indidual channels for left-right stereo rooms, lefteenter-
right triplet rooms and five-channel full surround rooms. [After: Makivirta and Anet, 2001]

Channel Stered L/C/R' | 5-channel

N=79 |N=15 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

25.2.2. Multi channel loudspeaker arrangement

Based on the film industry, the multi-channel Iquetsker arrangement in control rooms has become more
important during the last 15 years. Companies ikdby and Lucasfilm (THX) started with the applicat of
surround sound. Later on also the music indusastedi producing surround sound products, howewentain
application for surround sound applications id #t# film industry.

Based on the necessity for surround sound the MAJEBU have also set up recommendations for tige tf
loudspeaker arrangements [19],[23]. As can be seé&igure 40, the rear loudspeakers should be glagthin

an arc of 100to 120. If there are more than two rear loudspeakers,ubedloudspeakers should be placed
symmetrically and on equal distances between anf&6 to 150 [23].

Figure 40: Loudspeaker arrangement if more than 2 ear loudspeakers are used [From: ITU 775-1, 1994]

4 LICIR refers to Left — Center — Right loudspeakerss Bhtra center loudspeaker is obtained from the ifidustry where
it is used for dialogs.
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As can be revealed from the figure above, the Ipedkers are placed in a circle. The radius of thide is
determined by the described equal-sided trianglethe previous paragraph about stereo loudspeaker
arrangements. The placement of the front left aglot loudspeaker is the most important for the tosaof a
correct sound image. The rear ones are necessathefambience, surround or spatial impression.

Although it is recommended to arrange all the spesalon a circle, as a consequence of the geométheo
room it is sometimes impossible to arrange the dpedkers on a circle. To overcome this problemgeinerally
recommended to insert a delay on the output ofitfierent channels [19] [23]. As a result the sprakoves
virtually backwards with respect to optimised lisiteg position. The length of the delays should déosg, that
the loudspeakers again will be perceived as they pkaced on a circle.

Instead of virtually replacing the loudspeakersadging a delay, this can also be accomplished bypghg the
balance between the loudspeakers. For exampledapgeaker which is placed too far away from theleicould
be increased in level whereby the speaker virtuathyes towards the circle.

Although it is generally recommended to insert tidedays if the speakers cannot be arranged oncke cin
actual practice it appeared that increasing théeaofgthe loudspeakers with respect to the certiaegpshows
better results than adding delays [52] [55].

2.5.2.3. Low frequency loudspeaker placement

In the past a lot of research has been performgardang the placement of the low frequency loudkpeaAs
this loudspeaker is effective in the lower parttié frequency spectrum, the subwoofers easily atetithe
eigenmodes in a room. Moreover the interactiona mfom and loudspeaker is often the dominant fenttine
perceived timbre, especially at low frequencied.[56

A recent examination [57] aimed at finding out hovany subwoofers should be enough to have an egual a
possible frequency response in a 4 x 4 matrix.tRigrpurpose a virtual rectangular room was useH infinite

rigid walls. Based on measurements in a virtual am@ctual room, it appeared that two loudspegilacsed on
both sides of the median plane should be a minirbutrfour, i.e. in the middle at each side of aaagular
room, is given as a rule of thumb.

In actual practice it appears that the subwoofeotsused very frequently. Moreover, most of timestiit is only
used during the final listening tests of a recagdiwhile during the mixing procedure only the dieel
loudspeakers are used. As the subwoofers are pdtthat often and keeping in mind that these dedively
expensive, it appears that in most cases peopleatisfied with only one subwoofer.

In many cases this subwoofer is placed on the megiane, below the centre loudspeaker in fronthef t
engineer. As the LF-loudspeaker easily activatesnroodes, it is possible that the engineer is jusated in a
node of an axial mode which distorts the frequeresponse at the engineer position. Therefore itilshbe
better to place a subwoofer off-axis with respedht vertical median plane. When a subwoofer atdvin that
situation an axial roommode it will not be on thregmeer position. It still might be possible howet® have a
tangential mode at the engineer position, buthibisa 3 dB lower level relative to an axial mode isrtherefore
less detrimental.

2.5.2.4. Height of the loudspeakers
To avoid troublesome reflections from the consdee( Figure 41), equipment racks etc. the height and

contorting of the loudspeakers is important. Thaneft is important to be fully aware of the wax tteflections
act in the room and consider these in the design.

Figure 41: Console reflection

46



Architectural design issues of a control room Cleaf2

To achieve optimum monitoring conditions it is geatly recommended to locate the acoustical centrihe
loudspeakers at ear height. Normally this is 1.2The ITU recommends that the front loudspeakersiishioe

placed on ear height, while the rear speakers ntighdlaced above this height. However, if the ois-ike has
to be directed towards the listener, the loudspehéie to be tilted. The maximum tolerated tilt foé tsurround
loudspeakers recommended by the ITU i& 15

In contradiction, the EBU also allows tilting ofetlfiront loudspeakers, although they allow a maxintiltrof the

front loudspeakers of 20

2.5.3. Near field or wall mounted loudspeakers

One of the primer issues a designer has to dedl isitthe question whether the room gets near field
loudspeakers, wall mounted loudspeakers or botthdrcase of near field listening the engineebls $o judge
the recording more accurately because he is irditeet field of the sound. By using near field ntors the
interaction between the walls is very importantéaese of the speaker boundary interference probl®&mnshe
contrary, when using the wall mounted loudspeakthis,interaction between the room and the loudsreisk
less important regarding the speaker boundaryfermce but the loading of the loudspeakers bywvihk is
important, specifically at low frequencies.

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

In actual practice it appeared that in most casé#ls bear field and wall mounted loudspeakers aeel.udnly if
the room is too small only near field loudspealem®s used. Therefore in general it can be statedvthan a
control room will be equipped with wall mounted dspeakers the design should be optimised for these.
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3. Design philosophies

3.1. Introduction

Over the years a number of different approachedesigning control rooms have been proposed. Thig ear
control rooms were aimed to be a representatiorthef average final listening environment. When the
stereophonic reproduction started also the probleitisthe early reflections became apparent. Tdrobthese
early reflections a lot of absorption was appliedhie control rooms which resulted in acousticalad’ rooms.
Around 1980 there were concepts with a less unifdistribution of the acoustical materials. At presat the
beginning of the new millennium the control roomavé to be suited more often for multi-channel
reproductions.

This chapter is aimed to give an overview of thféedént approaches over the years. Some of theoappes are
still applied, or improved designs have been deriim 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 oniyadlle for monophonic recording. Therefore in thesatrol
rooms the placement of loudspeakers was not imporéd least, it was not considered to be importémtthe
early days a few attempts were made to find outlvthbudspeaker placement was the best for ster@ipho
sound reproduction, as discussed in paragraph.2.5.1

Being aware of the problems related to stereophsmimd reproduction, Putham was one of the first wied
to develop a concept for the design of control reamited for stereophonic sound reproduction. Egdbn his
concept is based on the integration of the loudsgsawith the control room layout. In 1959 he stdrai new
direction with the United Recording Corporationdtis in Hollywood [58]. Here the monitor loudspegke
were placed under a soffit to accommodate the ittandrom monaural to stereophonic recording. Tieisulted
in an increase of the radiation efficiency of tbedspeakers.

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

Later, in 1981, the concept was further evolvedaftain a larger listening area he moved the censatk from
the traditional location against the observationdeiw (see Figure 44).

The movement of the console backwards introducesflequency anomalies and a new travelling patheund
the console. Putnam realised this and in ordepkeesthese problems he emphasised on the placevfie¢he
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loudspeakers. An increase of the radiation efficyewould result in a reduction of the cone excursidence,
there should be less low frequency distortion, tiebdow frequency linearity and a reduction in povmeeded
by the amplifiers.

This resulted in a typical horn coupled space tairat larger optimum listening area. These lamyaé should
increase the efficiency between electrical inpud acoustical output of the loudspeakers, extendldier
frequency limit and improve the response in the l#oge and time domain [59].

The figure below shows a typical horn and room getoyn
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Cross section W\

Front view

Plan view

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

As can be seen in the figure, the horn shape Ended to the console. For optical reasons thi®ie dvith a
transparent material. Furthermore, this shouldnaisg the area between the horn and console.

The horn coupled control rooms resulted indeed high efficiency of the loudspeakers, which impligtht
certain pressure levels could be obtained with toaveplifier power and lower cone excursion [60]tBumore
important result of the horn coupled room is theréase in optimum listening area compared to caivead
rooms.
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Figure 45 : Two views of the integrated horn accortig to Putnam’s approach. Compared to Figure 43 the
evolution of the concept is clearly visible. (Unitd/Western Studios) [From: Putnam, 1981]

3.3. Inert room approach — Veale (1973)

One of the first who directly linked psychoacoustio the design of a control room is Edward J. ¥ebd 1973
he presented an article in which he emphasiseihthertance of a well built up sound image in ouaibs [61].
Veale's approach is to create an inert room. Ia thipe of room the sound of the loudspeaker igpnéted by
the ear without any influence of the room.

3.3.1. Design criterion

According to Veale the objective in the acoustisige of a control room should be to create an ir@in. This
implies that the room acoustics should be desigsgdhat the information radiated by the loudspeaker
interpreted by the sensory system of the listenesuch a way that no addition or subtraction is enag the
room to the sound picture [61]. In this respecthsideration has to be given to the auditory sysaemh the
acoustic materials.

3.3.1.1. Auditory system

In addition to the direct sound the listener reggiito receive one or more reflections of the oagsound in
order to be able to form a complete sound imageré&fbre the original sound in combination with antwer of
reflections which have a certain relationship t® dhiginal signal are required [61].

According to Veale, the reflections which arrivehim 8 ms do not serve any purpose as they argrittsd with
the direct sound. Reflections arriving between &8 @0 ms after the direct sound are useful to eraatound
image, and the reflections which arrive after 80imi®duce coloration of the sound image.

Besides the temporal aspects of the reflectiom tde number of reflections is important, becaubemthere
are not enough reflections in a control room, theulting sound in a domestic room will have todldit
reverberant content. On the other hand if therea@yenany reflections in the control room, the tésg sound
in a domestic room will have either too much reeeation or an incorrect texture. In general it bansaid that
4 to 7 reflections are necessary to create a ssallled image.

Based on the previous considerations and expergrtentoncluded that between four to seven reflestare
enough for the brain to form a complete sound im&gethermore the first reflection should arrivetta ear
between 10 and 15 ms after the direct sound andidte 4 to 6 dB lower in level. The remaining eefions
should be reasonably evenly spaced along the toake sip to a point between 50 and 70 ms after iteetd
sound, whereby the envelope of the reflections Ishbave a slope which agrees with an reverberatemay of
0.17 s. In the figure below these consideratiorscanceptually presented.
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Figure 46 : Graphical presentation of the relationkip between the original sound and it's reflections
[After: Veale, 1973]

3.3.1.2. Materials

Besides the human hearing system, also attentionldibe paid to the used materials. In his approsehle
states that to achieve an acoustically neutralrenwient the absorbing materials used should bheémselves
neutral so that they have no reaction to their tionc In this respect he advocates the use of passeaterials
instead of reactive absorbers because these watrodiice undesired non-linear modification. l.e.ewha
reactive material is used, it will reradiate sounmdhe room which is not directly related to thegaral sound
and not necessarily complimentary to the directndofrom the monitoring loudspeakers or to the it
pattern within that room [61].

As a passive absorber he prevails dissipative Bbs®ilike mineral wool or curtains. Membrane absstand
Helmholtz resonators are typical reactive absorlaerd therefore not prevailed. The only reactiveosatsr
which could be used is the bass-trap. This abspbased on the Kprinciple, gives back so little energy, that it
is permitted [60].

3.3.2. Design procedure

The design procedure of a control room can be divid three sections:
- basic room problems
- decor
- acoustic environment

In a design process the primary issue is to resthiegoroblems with the roommodes. The normal madd¢ke
control room have to be calculated and properlyemblby using absorption with appropriate dimensitms
normalise the modes. The subsequent sections, @acbacoustic environment, interact with each otiée
former one concerns decisions regarding the aathitel design of the control room, the latter ooeuses on
the technical, i.e. acoustical, qualities of themo

After selecting the materials, the final stage barentered. This involves the correct placemerth@fmaterials
in the room. In this stage the position of the aeegr, console, loudspeakers, equipment racks &ed fatrniture
has to be taken into account.

In his approach Veale states to provide low fregyereflective surfaces in the vicinity of the mamit
loudspeakers against which the loudspeakers shoeilglaced to support low frequency propagationsThi
should be applied to the part of the room betwéenntonitor loudspeakers and the listening engindsch is
considered as the area which should generate prireflections. The remainder of the room shouldreated
with absorption, unless sufficient reflections éxis
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Additionally Veale considered the number of occupan the room to be important. When there are many
occupants, the ones near the loudspeakers willdstiie occupants at the rear from some reflectidhs. shape

of the ceiling should therefore be optimised asfector. This has the additional advantage thatréflections

of the wall can be ‘polluted’ by the placement gugoment in front of the wall, while the reflect®mf the
ceiling will be unaffected.

3.4. Horn coupled room — Rettinger (1977)

After noticing the importance of control rooms daces where numerous sound tracks are mixed, Bettimas
published a few papers [62], [63] and a book [84}vhich he shares his ideas of constructing a obrdom.
Besides room acoustics he also paid attentionddréquency characteristics of the loudspeakerskdraund
noise and sound insulation of the control roomsthis is beyond the scope of this theses, in tiseguent
paragraphs the focus will only be on the room aticalsssues of his approach.

3.4.1. Shape of the room

According to Rettinger the plan view of a controbm should essentially not be rectangular but trajokl or
quasi so [63]. That is, following Putnam, the frirgidewalls should not be parallel but have atsigrinearity

or be curved like a horn, and be constructed ofecéfe panels. Because normal modes are a natural
phenomenon, this geometry of the front half ofthem tends to avoid the coincidental reinforcen@nmormal
modes. In the figure below this concept of congingca control room is presented in a design recended by
Rettinger.

(a) (b)

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

As the figure shows, the room is more or less lmmupled. This results in more sound energy beingctid
forward to the engineer which should increase ttmui@cy in building up the sound image. Besideis, dlso
increases the low frequency loading of the loudspesa

In the cross section the room should be refledbie®veen the loudspeakers and the console. As carédiein
Figure 47 also the ceiling is acoustically shagettinger calls this a tier-drop-ceiling. Similarthe frontal side
walls this should also direct the sound more towdhe engineer to increase the accuracy of thedsooage.
He notes that if the slope of the ceiling was per#b the slope of the console the ceiling shdaddabsorptive to
avoid the occurrence of standing waves betweendhsole and the ceiling.

The rear wall of the control room should have aaralance of sound absorption so that a minimum efitist
order reflections will be returned to the engine&ccording to Rettinger these reflections will didt the
balance of the engineer.

In order to achieve a proper reverberation timeside walls and the ceiling at the rear of the mm@nbom are
moderately absorptive. l.e. the highly absorptaarwall has to be taken into account.

52



Design philosophies Chapter 3

3.4.2. Reverberation time

In contradiction to Veale (1973) and contemporgrgraaches by Davis (1981) and d’Antonio (1984) wahe
focussed on the contribution of the specular réifles and our subjective impression, Rettinger igran
focussed on the reverberation time.

As stated before, Rettinger’s approach is aimembastructing a control room which is acousticakyneutral as
possible. Regarding the reverberation time he fosrerefers a flat reverberation curve. Normallly, in large
room acoustics, there is a low frequency increaghe reverberation time. This low frequency inseegives an
unwanted boost which should be avoided. The optieatrberation time for a control room is formuthtey

Rettinger as

1) T = 015log(V)- 015

whereT is the reverberation time in s aNds the volume of the room in*ftTo translate this formula to cubic
meters the volum¥ must be replaced by 85
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Figure 48: Relationship between the volume of theontrol room and the preferred reverberation time
according to Rettinger.

Besides this relation between the reverberatioe timd the volume of the control room, he also prteska rule
of thumb to define the volume of the studio basedhe volume of the control room. The volume ofoateol
room of a small studio, up to 5008 {42 nf), should be 20% of the studio volume. For studiesveen 5000
ft*> (142 i) and 50,000 ft(1,416 n), a control room with a volume of 10% of the studblume is suggested.
For studios with a larger volume than 50,06q %416 i), the volume of the control room should be 5%hef t
studio volume [62].
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Figure 49 : Volume of the control room vs. volume fathe 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 staddsd objective approach for the design of a @bnmtvom is
found in the “Live-End-Dead-End“ (LEDE) concept. this approach the initial time delay, psychoadoust
removal of directional clues belonging to the cohtioom and the control of early reflections areludled.
There exist a number of publications about the agqgr ([65] to [73]). As this is still one of the mstream
approaches the concept will be profoundly elabaratehe next paragraphs.

3.5.1. Background of the approach

3.5.1.1. TEF measurements

The beginning of the LEDE concept starts with teeelopment of the Time-Energy-Frequency (TEF) asely
by Heyser. The TEF-system provided a three-dimewsiview of the acoustical environment becauseldtea
the dimensiortime which was missing in measurements until that tiBiace then it is possible to analyse the
direct, early and reverberant sound fields seplgrate

For the LEDE concept the most valuable viewpoimesthe Time Delay Spectrometry (TDS) and Energy€elim
Curve (ETC) measurements. By means of TDS it isiptesto look at the frequency spectrum of the adire
signal or one (or more) of the reflections whilelexling the rest of the energy in the room durirgegain time
interval. An ETC-plot shows the time — intensityatenship between the direct sound, early reftectiand the
reverberant sound.

Extensive TDS measurements lead to the followiegnehtary conclusion by Davis [67]: Due to differesicn

the path length between the direct and reflectesthdocomb filtering is introduced (see paragrafh2ll). The
smaller the path length difference, the shorterdislay between the direct and the reflected sotihdrefore the
interval between the frequencies at which the déat@ occurs will be extended. Thus a larger ddiae

between the direct and reflected sound leads toaler frequency cancellation interval and the ez the
frequency anomalies will be more numerous.
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Figure 50 presents the actual measurement datava§ Dlr'he horizontal axis presents the frequenayaio, the
vertical axis the intensity. It is important to imetthe increase in the number of comb filter pasio

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

The awareness of the interaction between the démahd and the reflections lead to Davis’ apprdacinake
the front wall absorbing and the rear wall hard difflise. With an absorbing front wall interfereg the early
reflections should be stopped. The hard and diffaae wall results in multiple delayed arrivals a@hdrefore in
multiple comb filters. However these multiple refiens will be smoothed out in the overall respondele
measured at the mix position [69].

3.5.1.2. Initial time delay gap

The initial time delay gap (ITD) was originally induced by Beranek [74]. The ITD is defined astiime
between the direct sound and the first significafiection at the ears. Significant refers to fingt feflection
whose level approximates that of the peak of thpegntially growing and decaying reverberant sdieid
[10]. Because a small room does not have a revambsound field, the reflection of interest is finst reflection
within 6 dB of the highest level reflection. Figus# shows an idealised ETC-curve which clarifigs.th

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

The larger an acoustic enclosure, the larger tie When the control room is smaller than the recmydoom,
the ITD of the studio will be longer than the ITD the control room. As a result the early refleaicof the
control room will mask the ITD of the studio. Fugtinore it is stated by Davis that the directiorthad first
significant reflection and the correct frequencyitemt, i.e. containing the higher frequencies tratvide the
correct pinna cues, are important in order to deitez correctly the ITD of the studio [73].

In the LEDE approach one tries to let the direcinsbarrive at the engineer’s ears unmarred by dh&al room
surfaces because at geometrical frequenciespioweathe Schroeder frequency (see paragraph 2it3p2ssed

through an essentially anechoic space. Thus tleettnal information coming over the reproducingmhels is
still intact [65] [68]. To insure this, the primagpal in a LEDE control room is to insure that @ of the
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control room is longer then the ITD of the studie, recording room. This allows the ITD of thedituto be
fully reproduced in the control room.

3.5.1.3. Haas zone

The Haas effect describes the insensitivity ofehefor reflections arriving with delays betweentd 0 ms
after the direct sound (see paragraph 1.3.3.1) abil#y of the ear to fuse the sounds allows uklémd the
direct sound, early reflections and reverberatitia one percept [73].

In one of the first LEDE control rooms the preseatthe Haas effect was recognised by serendipityile
examining the room the listeners turned their héaagrds the rear wall and it appeared that thiesldn was
not audible. It appeared that these reflection®virethe Haas-zone.

3.5.1.4. Frequency analyses

In the figure below again the plot of an idealigeztjuency response is presented. The key in tliphgis the
critical frequency. This is the frequency at whithe wavelength is roughly comparable to the smalles
dimension of the room. It can be approximated by

(22) fo=—

wherec is the velocity of sound in m/s adg;, the smallest room dimension in meters.

fel100 fc 4fc

Figure 52: Design graph of Bolt, Beranek and Newmafor the determination of the critical frequencyf..
[From: Davis and Davis, 1996]

The figure distinguishes four different stages, the pressure zone, normal modes zone, diffusime and the
absorption zone.

Assuming perfectly reflection of the standing wavaghe pressure zone, that is belfg{200, the sound energy
that encounters energy with a room boundary isreddp 6 dB. Betweefy/100 andf, there are normal modes.
Here a movement of the head can introduce majderdiices in sound pressure level at the listerears.
Because at these frequencies the type of absonptlbhe ignored, the outer shell of the room slibhé solid,
rigid and asymmetric. In the case of a too smdlimz also bass traps can be added.

Subsequently the interval betwegrand 4. is called the diffusion zone. The frequencieshis area are quite
difficult to absorb and should therefore be difilisgo that there will be a high density of closepaced
reflections at the listeners ears. Abowvg the frequencies can be compared to rays of liGenerally these
frequencies should be properly absorbed.
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3.5.2. LEDE control room criteria

Based on the previous considerations in combinatigith a proof by means of TEF measurements a LEDE
control room should satisfy to the following crigef68]:

1. There is a low-frequency asymmetrical outer shfrfbe of pronounced resonances at low
frequencies. This shell is large enough to allogvdbvelopment of bass frequencies.

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

3c

c ==
dmin

f

wherec is the velocity of sound in m/s adgl;, the smallest room dimension.

3. There is an effectively anechoic path between thaitor loudspeakers and the mixer's ears which
extends for at least 2 — 5 ms beyond the studmitiai time delay gap.

4. There is a highly diffused (at geometrical frequesrsound field present during the initial ondet o
the so-called Haas effect.

5. The monitor loudspeakers microphone technique amihgiconsole do not “mask” the desired
anechoic path from the monitors to the listenerluiding the period beyond the monitor to the ears’
physical distance (2 — 5 ms longer than the ITEhefstudio) .

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

7. The hard-surfaced rear wall, rear side walls, agat Kceiling are spaced to provide interwoven
comb filter patterns which become a high-densityyesound field without measurable anomalies.

After publication of the original article in 1988gveral workshops were held concerning the LEDEria. As a
result of the Nashville workshop, the criteria wergended [70]:

8. Proof by means of an ETC that the ITD of the cdimsom 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 reflestidue to the front of the mixing panel (so
called clutters) which arrive at the engineer’sitims and have a level difference of less than BO d
with respect to the direct sound.

The absorptive area in the front of a LEDE roonméiates early reflections and phase related prablerth
early reflections. In addition herewith it is pdasito control the ITD. By constructing the readiveess diffusive
as possible, the high level rear wall reflections @sychoacoustically cancelled while providing unal
ambience [66].

It has to be noted that the LEDE criteria essdgt@d not require a certain room layout. By makthg front
half of the room absorptive and the rear wall itflee an example of how to meet the criteria isegivThe only
requirement made in the LEDE approach is that tisdity of the control room has to be proven by nseahan
ETC plot which should meet the requirements givieova.

3.6. Reflection Free Zone (RFZ) approach — d’Antoni 0 (1984)

Another method to achieve a LEDE control room wessented by d’Antonio in 1984 [75]. He proposes the
creation of a Reflection Free Zone (RFZ) by flusbumting the monitors as close to a triangular coa®
possible and splaying the absorbent side wallscaiiohg to minimise interference reflections at thix position

at the dead end. The live end is achieved by jposit§ Schroeder-diffusors in the rear wall so thergy
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 @ RRere the predominant energy comes from the raonit
loudspeakers by reducing the contribution of thetual images at the listeners position. This can be
accomplished by baffling or splaying walls to reeldlbe number of sources at the mix position, oinbyeasing
the amount of absorption [75]. Because at cert@iquencies non specular reflections, i.e. freqesnabovd.,
occur with a large amount of energy, reflectiontooiras well as absorption are both useful.

Low frequency problems do not only depend on tlemmodes and their contribution to the frequencpoase
at the listener’s position, but also on the spealeundary interference response (SBIR). This isl wel
documented by Berger [76]. The essence of hislaicthat when a loudspeaker is placed at a cedigtance
from a wall the backwave will interact with the iateéd sound by the loudspeaker. This results inraties in
the frequency response. To get more insight ink0SBIR the loudspeaker can be visualised as s&soeste in
combination with the image sources (see Figurea®B In Figure 53 (b) it is demonstrated that btirafsing the

interaction between the loudspeakers and the walstrength of the anomalies in the frequencyaese can
be reduced.
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Figure 53 : Concept of a real source and its virtuamages (a); By optimising the placement of the
loudspeaker the speaker boundary interference canebreduced (b) [From: d'Antonio, 1995]

When an orthogonal geometry is considered therebeaimagined eight sources. One real source anehsev
virtual source. In figure (a) below the real souic@resented with the black dot. The virtual sesrm the plan
view are represented with the open dots. Iretbgection (not drawn) there are another four \attsources.

(a) v (b)

Figure 54 : Concept of reducing the image sourceytsplaying the walls. The black dots present the et
sources, the white dots the virtual sources.
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When the walls are splayed T2figure (b), the number of sources is reduced fedght to six. Again, the three
virtual sources in the-direction are not drawn. If in addition the momgare flush mounted in rigid baffles,
with the acoustic centre on the 22flsector, the virtual sources are obscured frontrdmiting at the listeners’
position and an RFZ is created [75]. In the fighhedow the creation of a RFZ is worked out for pian view of
a control room. The circles refer to the left lopelaker and its virtual sources, the rectangleshéoright
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 rodme, $ame methodology can be applied in a crososattiew
of the control room. By inclining the wall and d¢ed the RFZ can be increased in this view.

As this method is an extension of the LEDE concelptthe walls in the front half of the room aresatbent.
The energy which crosses the live end of the rodlirbe returned from the rear wall. The temporadl @patial
distribution of this returned energy at the engingesition is important. By arranging the rear waibperly in
combination with the proper diffusion this can le@mplished. The diffuse sound energy arrives lmcthe
engineer position after an initial time delay (ITBpread in time and spatially distributed acrbssentire width
of the console [75]. It is proposed to use highliggu&chroeder diffusors in this area because eirtbonvenient
practical application and their frequency responakkough proper alternatives can also be applied.
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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 louddq arrangement whereby the diffuse sound zoniediigs
acted as a passive surround [77]. A control roonchviis suited for surround sound has to have a duss
management in combination with a uniform boundanyfaxe. Therefore the sharp, non natural transition
between the absorbing and diffusing part of therobmooms is smoothed out in the more recent aesighis is
done by proper absorption in the front, rear anlihgewhereby possibly some diffusion in the readaeiling is
added [77].

3.7. Psychoacoustic approach — Wrightson (1984)

Based on experimental data regarding the percemiadiemporal and directional characteristics ofestkd
sound Wrightson presented his design consideratiGeserally the application of the data argues \lits
discrete, high amplitude laterally-opposed refteasi which were in vogue at that time, i.e. Davispm@ach
[78].

3.7.1. Background of the approach

3.7.1.1. Psychoacoustic considerations

The reliance on the instrumentation can lead toguiited conclusions. Measurements are mainly peddrm
with omni-directional microphones. These can bexseea model of a listener with his pinna cut bfifig on
one ear and deaf on one side. When this type o$unements would be replaced by an artificial heét two
microphones representing the ears, the signalshwiltlelayed and attenuated relative to each ospectrally
shaped by the head, torso and pinna (see also €haptThe result would be more in agreement with o
perception of sound. This reduces the magnitudeeo€omb filter compared to a omni-directional rofanone.

In addition, the human auditory system is able dmpgare signals and interpret them. Therefore tleistic
sensation is not only determined by the comb filjeresented by an analyser, but also by the tdrahcter,
localisation shifts, memory etc. [78] This diffeteway of processing the acoustic information betwee
perception and electronic instruments, points betitnportance 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 valtiocalisation of sound sources, especially inftbat. Wrong
alignment of the loudspeakers results in auditoopfasion. E.g. when the high frequency driver of a
loudspeaker is placed below the low frequency driVith complex sounds containing frequencies abdve
kHz, high frequencies are typically localised agtier’ than low frequencies [79]. Therefore placitige
loudspeakers upside down can lead to auditory sooriu

3.7.1.2.2. Monitor spacing

In the control rooms there is always at least aesteset-up of loudspeakers. The distance between th
loudspeakers depends on the adequate two-chanmal pgsformance of the sound system and the artiitec
of the room [78]. When a mono program materiakjgroduced on the system, we interpret this as tegriated
source. As a result of temporal patterns and ingntal characteristics, misalignment of the loud&pes can
lead to a saxophone be experienced as too widedtance. Therefore loudspeaker misalignment asolts in
auditory confusion.

As a solution for this problem Wrightson advocéates use of a centre monitor. This can be usedhi®miono
program material. Furthermore as a result of thisaeloudspeaker the speaker — loudspeaker — disten
interaction will be less.

In addition, the height of the loudspeakers witfemence to the recording microphone is importanhew a
loudspeaker has an elevation which is higher tharetevation of the recording microphone, this @iz lead to
auditory confusion. For instance, when a loudspedkdocated 3 meters above the listener and theasi
produced is recorded at a height of 1.5 meters,irtfgmation will be interpreted as that the sighals an
elevation of 1.5 meters while it is emanated atZayeter above the listener.

3.7.1.2.3. Room reflections

According to the LEDE approach high amplitude, dise reflections are desired in order to extendHhas
zone. Wrightson states that it was overlooked tivatdata upon which they based these criteria generated
with stimuli which were not appropriate in contna@loms. Furthermore he states that the Haas zore aid
interpretation to the location of the sources iams, rather than eliminating audible effects of amfjections
[78]. Studies by Wrightson revealed that laterflertions can be perceived, even when they arewmhras 30

dB lower in level relative to the direct sound.

4

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

Another issue Wrightson criticises is the issueaftra lateral reflections because they have camses in
changing the localisation (see Figure 57). Normallgound perceived by the ears is spectrally shapetie
pinna, torso, distance etc. This aids to the lsatibn of the sound signal. According to Wrightsie
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introduction of a similar signal with different alaateristics, i.e. a contra lateral reflection, [vélter the
perceived localisation.

3.7.2. Design criteria

As a result of the preceding considerations Wrigihtformulated new design criteria. These ought étp h
eliminating acoustical aberrations that can provides to the perception which may be in variancth wi
information provided by the studio audio systeme Thteria given by Wrightson are [78]:

1. High amplitude, discrete reflections should be dedi by optimisation of room geometry and
finishes. These reflections create audible degiadatf the signal, regardless of the locationhaf t
reflecting surface.

2. The integrity of the direct sound field must be mtained. This means reduction in level and
number of early reflections from monitor shelvesxing consoles, equipment racks, etc. This
effort is enhanced by keeping the vertical andzuotial displacements of the monitor speakers at a
minimum to reduce pinna time delay and cross-sensaes that result in imprecise localisation.

3. Some acoustic energy must be returned to the iisgegmosition to ensure user acceptability and
psychological references for existing facilitieshig is best accomplished by providing an
extremely uncorrelated, homogeneous sound fielabth time and frequency domains throughout
the listening area. This provides a comforting senfsthe room for listeners unfamiliar with semi-
anechoic conditions. This highly diffuse acoustieaérgy should exhibit no spectral peaks of more
than 3 dB when measured in 1/3 octave bands ari8l #®rdsingle frequencies, and should be on
average at least 15 dB lower than the direct signal

4. Monitor loudspeakers should be located in the wakfplane in a position consistent with typical
microphone and instrumental locations.

5. Provisions should be made for single-centre spefkemonitoring of single-channel (true mono)
program material.

3.8. Controlled Image Design (CID) — Walker (1993)

In 1993 Walker presented a concept he called Cibedrémage Design (CID). Herein the redirectiortiué early
reflections in the vicinity of the listener is impant to improve image sharpness and make theosédfect less
room dependent [81].

The key factor in this concept is the use of nosoabing surfaces whereby the designer is not céstriany
longer to a certain amount of absorption in thenro®herefore the reverberation time can be inckaggch
leads to a more natural environment.

The proposed criterion as a target objective inGH@-method is 20 ms and —20 dB [81]. That is, dis&ner
position no sound energy can be within 20 ms vétlels higher than —20 dB relative to the directnsbiBased
on the work carried out in a prototype room, thitecion was later set to 15 ms and —15 dB [80].

3.8.1. Design methodology

Starting with an empty shell and a traditionalrigalar loudspeaker — listener layout, it is triedobsition the
reflecting surfaces so that they will not reflatthe direction of the listening position. As a glification there
are considered only two projections, i.e. plan eledation. This constrains the reflecting surfacelse parallel
to one of the principal axes of the room [80].

The first step is to specify the listening positiand listening area. Although this is geometricaliyial,
acoustically there will be some scattering reflmesi due to diffraction effects. Therefore a zoneuad the
listening position has to be set where the effehtsuld meet the criterion for all the frequencigscordingly a
circle is drawn into which no first-order refleati® will pass (see Figure 58). In reasonably sipeuns circles
with a diameter of 2.5 to 3.0 meters are feasi®ig.[
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Figure 58 : Plan view with positions of constant tagential reflections. [From: Walker, 1993]

Subsequently a series with the positions of thieetdr critical angles has to be found such thgtrafiection is
tangential to the circle. As this is a time consugrprocess he developed a computer program fopthjgose.

The curved surfaces as found by the program arecoovenient in actual practice. Therefore the agdirve
positions are only used as guides to constructaplanrfaces. These final flat surface has to be,orst case
situation, just tangential to the positions to tiecle around the listening positions. The traositioccurs in
steps. In order to reduce the reverberation tirhe, ttansition steps are filled with acousticallysaibing
material. Figure 59 presents this implementation.

/ absorption

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

Finally attention has to be paid to the rear walle first reflection arriving at the listeners gasi is coming
from the rear wall. These reflections have to benatated and diffused. When the path distanceeofdfiection
is approximately 4.5 m longer relative to the direaund the reflection is already attenuated —10[88] [81].
Therefore it is not necessary to install large am®wf absorption in the rear wall. Moreover in® necessary
to use elaborated diffusion such as Schroeder saiffu while alternating acoustic treatment alreatyesy
adequate diffusion [81].

SAssuming the distance between the loudspeakerthanistener 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 rotléinnel sound [82]. Herewith it is intended todetontrol
room design meet the criteria given by the ITU #mel EBU recommendations. Moreover the CID-methal ha
been simplified.

In a regular shaped control room with six walls anehulti-channel set-up, e.g. with five loudspeakénere are
30 first-order reflections and 150 second-ordelectibns. As a first simplification the second ardeflections
can be ignored because these have already suffioien delay and attenuation with the distance .[8RErefore
only the first-order reflections of the five loudsgkers which are visible in the listening areaddrimterest. By
means of an image source model the most imporgdlections can be visualised. Figure 60 (a) shovesaaof

the first order reflections. As it reveals the mpstential reflection points are clustered in rigkdyy small areas
on the walls.

@) (b)

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

Because absorption and diffusion cannot attenustedflections enough, the portions of the walleh&wy be
angled in order to redirect the first-order refiens away from the main listening area [82]. Thasults in a
typical layout as presented in Figure 60 (b).

Figure 61 : Control room of the BBC, constructed acording 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 h&decome more common in the audio industry. Nbeégss,
profound approaches which present a concept oretiné for the design of control rooms suited forltinu
channel reproduction are scarcely available aptksent.

One of the few who have made a set of guidelineghie design of surround sound control rooms is \@SD
They have made an examination of the ITU and EBtdmamendations and defined design goals for surround
sound environments. In the next paragraph theictjpa additions to the ITU and EBU recommendatiails

be outlined.

3.9.1. Design goals for a surround sound control room

A properly equipped surround sound control roomsisia of at least five loudspeakers, i.e. left,tiegrright,
surround right and surround left, plus a low frageye loudspeaker. In larger rooms any even number of
surround loudspeakers is acceptable, and providiggar, more optimum listening area.

In their approach WSDG prefers to flush-mount thedspeakers. This has a couple of advantagesegdiection
of the speaker boundary interference problems, orgment of the low frequent radiation and minim@atof
the loudspeaker cabinet edge effects [84].

If free standing loudspeakers are used, it is ingmdithat these are pointed towards the listemeaddition, the
use of anti-vibration mounting equipment is recomdues.

Besides the loudspeakers also the reverberatioraciesistics are considered. In stereophonic cbmboms
designed according to the LEDE approach, it isrddgio attain a gap between the direct and refiesteind of

15 to 20 ms. In their surround sound approach WSld®cates that this gap should be the same fdahall
loudspeakers, i.e. the front loudspeakers as wdaharear loudspeakers. Therefore the LEDE consegightly
modified.

Extending the original LEDE concept there shouldatiditional absorption behind the surround soudtions,

of course only if the loudspeakers are not flushumed. Furthermore, to prevent uncontrolled reitest
patterns in time and space heavy absorbing matshalld be placed on the walls facing the surround
loudspeaker, on-axis of the surround loudspeaRéws.application of a diffuse rear wall is still cdomended 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 bedartaken during the project are presented. Basetheon
previous chapters it can be concluded that thegdespproaches for control rooms differ significgnDavis’
approach by qualifying a control room as a LEDEmoonly if it confirms to the ETC requirements given
him (see paragraph 3.5) can be seen as one dfghatfempts to qualify a control room objectively

The measurements have been performed in contraigaghich were designed by the known Dutch designers
Alex Balster and Ben Kok. Both have been involvediimerous projects in the Netherlands but alsoaghrAs
each of them has his own philosophy regarding &sigth of a control room, the chapter starts witloattine of
their approaches towards the design of a contarhrdSubsequently general issues regarding the mezaents

will be outlined. The criterion made to use a cohtoom for the project was quite trivial: the caritroom had

to be designed according to a certain philosophiyles to be qualified as a good control room byetingineers
who work in the rooms.

After this general information regarding the measuwents, the actual measurements will be discusHesl.
IACC and T3 will be related to control rooms. Furthermore Benello criterion will be verified by in-situ
measurements.

4.2. Design approaches of the control rooms undert  est

4.2.1. Suppression of the reflections — Alex Balster

The designs of Alex Balster can generally be sesea derivative of the design approaches of MicRadtinger
and Tom Hidle§.

According to Balster his designs have to confirnthi 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 thesiyn process of a control room by primarily detieing where
the room has to be suited for. l.e. has it to heddor popular music or classical music. Thisiécessary for
the choice of loudspeakers and for the placemetiteofoudspeakers.

After deciding the choice of loudspeakers, they ‘Breated in the room’ in an equal-sided trianghgth 30°
angles relative to the median plane. In the eaalysdhe loudspeakers were slightly inclined, arefore the
triangle should be a little, i.e. 7,%nclined. Nowadays, he prefers placing the loudkpes on level with the
ears, i.e. at a height of 1.35 m. This should redhe amount of unwanted reflections by the console

Another interesting thing to be noted is that adoay to Balster the engineer position should bédeghe
loudspeaker — listener triangle. The intentioroisreate a larger sweet spot.

4.2.1.2. Symmetrical room
For an optimum stereo image it is important thatriom is acoustically symmetrical. It is emphasidet the

room should be acoustically symmetrical, becausefdihction of the rooms does not have to be synicadtr
For example, when a window is placed at the ledie sif the room, the right side of the room has ¢o b

6 Tom Hidley is a known designer of control rooms atublios over the world, e.g. he is the designehefknown Dutch
Wisseloord studios. However his approach is noy weientific and he is more a man of practice. €f@me he did not
present any papers concerning his philosophy. Génpéris approach is comparable to Rettinger’s apgino
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acoustically identical. This can be achieved bygsa mirror. Another example of acoustical symmédryhe
example of the doors in a room. It is obvious thabrs are needed in the control room, but genecalty door
for entering the room is enough. In order to createcoustical symmetrical room therefore in thposjte wall
also a door should be used. To make this usefuddbe can be used as e.g. as a closet or as arcloak

4.2.1.3. Suppression of reflections

According to Balster, reflections are detrimentathie stereo image, mainly returning reflectiorerfrthe rear
are undesirable. On the other hand some reflecfimms the front support the localisation, and steimage.
Therefore it is stated by Balster that the souretgnarriving at the engineer’s ears should be 80%ct sound,
20 % reflected sound.

To achieve this he constructs sandwich type sidewehich have to absorb the low and mid frequendies
100 to 1000 Hz. Further, the rear wall is accomnexdiavith high efficiency broadband absorption, 18.Hz —
20 kHz. If necessary to control room modes or spedbundary interference problems, the caves bedaid
next to the speakers can be used as bass traps.

4.2.1.4. Reverberation time

Generally a reverberation time of say 0.3 secosdsmed at. It has to be noted that attention didetpaid that
there will not be a flat reverberation-frequencyveu Actual practice learns the need to comperfsatthe ear
curve and that the musicians ‘miss character’afriiom has a totally flat frequency response.

4.2.2. Reflection control — Ben Kok

Ben Kok has been involved in a lot of studio designthe Netherlands and Belgium. The design obhidios
and control rooms is strongly determined by thénézal and physical aspects of the room and equipmsed
in the room, aesthetic considerations are left ashhmas possible to the project architect and/ erdient.
Essentially his ideas of designing a control ro@n be seen as a side-branch of the LEDE and RFZepts
Apart from acoustic considerations, also the laggsare considered essential for a control roororfras a
workspace). According to Kok, the acoustic desifja ocontrol should meet the following criteria:

Suppression of the early reflections

Loudspeaker independent design

Even distribution of the roommodes over frequenuy place
Large sweet spot

e

In the subsequent subparagraphs these criteridavitlutlined in more detail.
4.2.2.1. Suppression of the early reflections

The first reflections are detrimental for the soumage. As a result of these reflections the Isedion of the
sound image can be ruined but also coloration@sthund image by the early reflections has to béad.

This is achieved by elaborated application of tii@foncept as a further evolution of the LEDE ajfoof an
absorbing front end of the room and a more live ezal of the room.

Most of Ben Kok’s designs do not use Schroedeuslffs. The main reason for this is costs. The egipdn of
the commercial diffusors is relatively expensivartigularly for relatively small, low cost studioSherefore
Kok incorporates in his designs alternative, custauiit diffusing elements, e.g. convex wooden stefa The
inside of these elements are often used lagréfps for low frequencies, something that would Im@ possible
with commercial pre-manufactured diffusers..

4.2.2.2. Loudspeaker independent design

One of the main uncertainties a designer has tb wli¢ia is the choice of the loudspeaker. When aigiess
optimised for a certain pair of loudspeakers, regtaent of them with a different type could be d@tefd for the
quality of the room. By designing a loudspeakeejpehdent control room, the uncertainty of unexmgkeféects
due to replacement of the loudspeakers will be techitThis guarantees the user as well as the dasigeertain
quality of the room. According to Kok, this apprbas the best way of maintaining specific loudsgzagound
qualities, i.e. what you hear is the loudspeaket tine room. In addition, the expected life-cycfate room is

67



Room acoustical measurements

longer than that of the loudspeakers. Most likelyirh the existence of the room a number of difieraonitors
will be used.

Although the designs are monitor independent, igteding geometry is the basis of Kok's designseréfore
the position of the acoustical centre of the masitas well as the nominal listening position alsvaye part of
the design.
4.2.2.3. Even spectral and spatial distribution of the resonance frequencies

As been discussed in the earlier chapters theteffécthe roommodes can be detrimental for the doomage
and the general quality of the control room. A vixdlanced design regarding the low frequency belawf the
room in the time domain as well as spectrally ex¢ffore essential. Therefore it is stated by Kal,ttvithin the
working area, none of the resonance frequenciesresnund dominant concerning other frequencies.
4224, Large sweet spot

The effective workplace in a control room is knoasthe sweet spot. What exactly qualifies the swpet is
not known at the present. However it is known that sweet spot has to meet at least the criteviengabove,
i.e. suppression of the early reflections and amelistribution of the roommodes.

According to Kok, it is beneficial that not onlyetlengineer but also other attendants in the cormarh, i.e.
producer, artists, etc. all have a proper soundj@nalthough a higher reflection level is acce@ablthe rear of
the control room, which may compensate for the teaa optimum stereo image for the attendantsan dhea.
Therefore Kok aims at the sweet spot to be as lasgpossible. This involves not only the room disiens,
geometry of the room, and placement and type ofistoo treatment, but also the placement of the aless
monitors and other large objects in the room.

4.3. Control rooms under test

During the project measurements were performedidifferent control rooms. Three of them were desid by
Alex Balster, three of them by Ben Kok. The contr@bms under test are all subjectively qualifiedgasd
control rooms by the engineers and designer. Ireagig Il the control rooms under test are outlimedhigher
detail. Drawings of the control rooms are giverappendix IV. In the table below a summery is giedrihe
most relevant technical data of the control rooms.

Table 6 : Overview of control rooms under test.

Chapter 4

Control room Soundbase JVPS Topsound Ferry & Soundhouse Byton
Garnefski
Location Groningen Enschede Enschede Amsterdam Schiedam Loos drecht
Designer Alex Balster Alex Balster Alex Balster Ben Kok Ben Kok Ben Kok
Floor area [m ] 40 35 25 25 33 32
Volume [m 7] 120 100 75 75 102 98
Monitors (Trade) Genelec Dynaudio Dynaudio amaha Tgnnoy Gepelec
Monitors (Type) 1031A M3.5 M2 NS-10M Super red 1036A
Frequency range 42 Hz — 35 Hz - 35 Hz - 60 Hz — Unknown 21 Hz -
22,000 Hz 20,000 Hz 20,000 Hz 20,000 Hz 20,000 Hz

4.4.

Description of the measurements

In control rooms the subjective experience is niongortant than the objective results of a measurgénigis is
one of the main reasons that there is measuretbootuch in control rooms. During the project ttoteol
rooms under test have been measured thoroughlyarittimni directional microphone as well as a duniesd.
The measurements in the control rooms have all peeiormed according to the same procedure. Therefo
grid was developed according to which all the aantboms were measured. This paragraph aims taexie
background of the measurements in higher deta#. t€bhnical specifications of the measurementgiaen in

appendix V.
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4.4.1. Measurement positions

The measurement positions are set in a 5x3 maithx an arbitrarily chosen spacing between the joosstof
0.5 m. (See Figure 62) The reference position f thatrix is position number eight, which agreeshwhe
designed engineer position behind the consoletHig position is assumed to be 0.2 m behind thesale. The
measurements are performed on a height of 1.35his. i$ the average height of the ears when a passon
sitting.

As can be seen in the figure below, the positiots 3 are located above the mixing console. Thesdipns are
justified as these positions can be compared tersop who is actually working, i.e. operating tloatcols etc.
during the mixing process.

< 0.5m N
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Figure 62 : Measurement positions; Position eighsithe designed engineer position.

It has to be noted that when it was not possiblelty apply the matrix in a room because of eagkl of space,
the measurement positions have been omitted. $e tes not deviated from the matrix. Thereforea assult
of the furniture in the control room, in the Souadé control room the positions 1, 6 and 11 have bedtted.
Furthermore it has to be noted that during the measents in the Ferry & Garnefski control room plasitions

1 and 5 are very close to respectively a loudspeakd lamp shade. Therefore the measurements tdth t
artificial head had to be omitted at these pos#tidn addition, due to the equipment racks the oreasents at
the positions 10 and 15 are very close to the rheged.

4.4.2. Procedure

All the measurements have been performed accotdinige 5x3 matrix as outlined in the previous peapd.
The measurement chain used is presented below.

\

e :
AN
—[> <)

Figure 63 : Measurement chain.
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As the figure shows the laptop is directly connddie the amplifiers, so the measurement signalotspne-
equalised. Subsequently the amplifiers are diremtiynected to the loudspeakers. Eventual passoss aver
filters are used as these will not change aftentuthe room. The signal used is a non filtered Mighal with a
length of 1.37 s and a sample frequency of 44.1 kHz

During the measurements the in-house loudspealsterayis used. The use of the in-house loudspeakers
justified because it is assumed that the qualityaafontrol room is an integrated system of the raom
loudspeakers which is optimised for the specifizmo At every position the room is excited by thi¢ éad right
loudspeaker separately.

In every control room the impulse responses ofléffteen right front loudspeakers are measured séglgrat
each position with an omni directional microphomel @n artificial head. Theoretically this shouldthe same
response because of the acoustical symmetry afottiea. The technical data about the equipment usedgl
the measurements are given in appendix V.

4.4.2.1. Artificial head

During the artificial head measurements the heatirécted straight forward to the screen or windoviront of
it. Due to the fact that the end of the microphstendard cannot bend, the artificial head is dégctownward
for the positions 1 to 5 in the matrix. (See Figéy Despite the fact that this idea resulted frmpractical
shortcoming of the microphone standard, this abtuaflects quit well the real work situation ofveorking
engineer.

Figure 64: Placement of the artificial head

45. Binaural measurements

As described in paragraph 1.3.5, the Interaurals€rGorrelation (IACC) is a relatively new room asti
parameter, introduced by Ando who evaluated the@A®Rainly for large sound fields. Among others tA€C

is a good measure for the rate of diffusion in @moGenerally a sound field has to have an IAC&s$ than
0.15 to be subjectively perceived as diffuse [13].

There has no literature been found related to A0 with respect to small sound fields such as tegt in
control rooms. Therefore the IACC is evaluatedtfear control rooms under test.

4.5.1. Inter Aural Cross Correlation

45.1.1. Goal

Originally the IACC is developed for large roomsslas concert halls and opera houses. In the gésariof

the dissimilarity of the signal arrival at the twars, the 1ISO 3382 standard splits the time intervthe early
reflections,t < 80 ms and the late reverberant sound, 80 ms. This measurement aims to apply the ISO
criterion to the control rooms under test, whice however small rooms. As a consequence the iet@tpn of

the results may need to be adjusted.
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The measurements have been performed accordifetéx3 matrix as presented in paragraph 4.4.1 thigh
artificial head as receiver.

45.1.2.

The overall IACC measurement results are giverpjmeadix VI of this document. As an example Tablests
the actual data of the IACC measurements in theoBytontrol room. Figure 65 presents the averaged
measurement data of this control room graphicétiythis graph the continuous lines present theapetACC
data gathered from exciting the room with the leftdspeaker and the dotted lines presents thegédteered
from excitation with the right loudspeaker. Theldaling discussion of the results will be based lom data of

Results

Room acoustical measurements

Chapter 4

the Byton control room, however the discussiorige &alid for the other control rooms.

Table 7 : Averaged values of the IACC in the Bytortontrol room.

Left loudspeaker Right loudspeaker
Frequency |t =0- ¥ ms |t =0-80ms |t =80- ¥ ms |t =0- ¥ ms |t =0-80ms |t =80- ¥ ms

315 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

1,20

IACC - Byton Loosdrecht

Average values (absolute), height = 1.25 m

1,00 1

0,80

0,60 4

IACC []

0,40 4

0,20

0,00

315

Figure 65 : Average IACC calculation results of thd ACC measurements, measured at a height of 1.25m
in the Byton control room.

45.1.2.1.

63

125 250 500

1000

Frequency [Hz]

General result — three stages

2000

4000

8000

—e—IACC 0,+ (Left)
-- 0 --IACC 0,+ (Right)
—=—|ACC 0,80 (Left)
-- & - -IACC 0,80 (Right)
—a— IACC 80,+ (Left)
-- & - -IACC 80,+ (Right)

It can be observed from the table and the figuaéttiree stages can be distinguished.

First there is a stage between 31.5 and 125 Hthddigure this is indicated as stage |. Accordimghe figure,

in this stage the IACC has an approximately constalue of 0.95.
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Subsequently a second stage can be observed ih W@dACC drops. This is indicated in the figusestage II.
Generally this decrease occurs at frequencies leeti25 and 2000 Hz. In this control room the IAQGpd
from 0.95 to 0.44 and 0.49 for respectively thé defd right loudspeaker.

Finally there is a third stage in which the IACGe®s to be constant again. This occurs for the &rdes
above 2000 Hz. In case of the Byton control rooeIthCC is approximately 0.48 and 0.53 for respetyithe
left and right loudspeaker.

45.1.2.2. Differences between left and right loudspeaker

Besides the information about the IACC during threet the graphs also reveal that there are differen
between the left and right loudspeaker. It canlimeoved that the average IACC of the left loudspeaklower
than the right loudspeaker in the higher frequdrayds. See for example the results of Byton ansi@mase. A
possible explanation for this might be the placenoénLCD monitors or other equipment at the ledht side of
the engineer. Because of these objects early bigh teflections will occur when the room is drivienthe right
loudspeaker which affects the correlation of tlymai perceived between both ears. ConsequenthADE will
decrease.

Another reason for the differences between thealedt the right loudspeaker might be that both lpadkers do
not have the same radiation pattern due to a diffar in the interaction between the wall and theldpeaker as
a result of manually mounting the loudspeaker theowalls.

45.1.2.3. Time interval

Figure 65 also reveals important information regagdhe chosen time intervals. In the past thesebd®en, and
still there is, a lot of discussion about the profime intervals. These discussions are mainlytedlao concert
hall acoustics, e.g. [15], [85]. In the room acaustandard ISO 3382 an interval between 0 and 8Gas been
chosen which should represent the early reflectiand a time interval from 80 ms to infinity, wherdinity
corresponds approximately to the reverberation .timehe figure the results are given for the timgervals
between 0 ¥ ms, 0 — 80 ms and between 88 -ms for respectively the left and right loudspeaker

As the figure shows the difference between the eurshowing the IACC of 0 ¥ ms and of 0 — 80 ms is
insignificant. On the other hand the curve whicksants the IACC from 80 ¥ ms has a totally different
decline compared to the former ones, althoughhteststages can also be distinguished in this curve

According to the graphs it can be concluded thatithportant information regarding the determinatidrthe
IACC in control rooms is given within the 0 — 80 tirme interval. The late energy, thus from 8& -ms, is
insignificant with respect to the determinatiortioé IACC in this type of rooms.

4.5.1.3. Discussion

45.1.3.1. Three stages

As been outlined three stages can be distinguidhésilikely that this can be explained by theeistural time
and intensity differences. As outlined in paragraphl.1, due to the shape of our head there tesural time
difference (ITD) and interaural intensity differesc(IID) which affect our ability to localise a salsource. The
interaural time differences are the most importar at the lower end of the frequency range, t.&eguencies
below 2000 Hz. On the other hand, IID’s are the tnmoportant cue above 2000 Hz.

In the first stage the dimensions of the head @y wmall relative to the wavelength of interesg, ithe
wavelength at 125 Hz is 6.5 times the diametemoferage head. Therefore the phase differenceséptthe
ears are within half a period. As a result the eagsable to correlate the signals between botheay well.

In the third stage, i.e. above 2000 Hz, the patigtle differences between the ears is large, wheitdiigcomes
more difficult for the ears to correlate the signbktween the ears. A decrease of the correlagbmeen two
signals implies an increase of perceiving the samdiffuse, so the IACC will drop.

"In some graphs in appendix it may seem that ndahalturves are drawn, e.g. Soundbase and JVP&rtReless, the lines
are all drawn but they are in those cases plottezha because they fall within the resolution efdghaph.
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The second stage, i.e. between 250 Hz and 2000akidbe seen as a transition zone in which the atioel
decreases relatively quickly with increasing fremge

It has to be noted that the IACC drops to approtéfye0.5. Regarding the control rooms under teistigvery
low, however compared to the upper limit given hyda for subjective experience of diffusion, i.e(6<0.15,
the room will not be perceived as diffuse.

45.1.3.2. Use of the speakers

During the measurements the left and right spehlee been measured separately. The main advanitalgs o
method is the possibility to examine the symmetirghe room. This can be done by examining the isgul
response on a specific position. However, in dcpmactice the sound is always perceived by attlése
loudspeakers. Additionally, the impulse respondebeleft and right loudspeaker at a certain pmsitannot be
added up. This can introduce large discrepancgeadially in the lower frequencies. Therefore it b® argued
that there should be measured with both loudspeakeriting the room together. This would betterelate to
the actual listening circumstances.

45.1.3.3. Time interval

To get more insight regarding the IACC during timet, it may be better to choose another time ister.g. a
50 ms instant. This instant is also used for patarselike the clarity €sg) and Deutlichkeit Dsg) which
objectively qualify the speech characteristics ofoam. Generally a room which is well suited foresph
transmission has a relatively short reverberatiom t say 0.8 to 1.0 sec (e.g. [85], [86]). As thieiivals O ¥

ms and 0 — 80 ms hardly differ, it may be interestfor future research to verify the possibilities the
application of another time instant, specially &moustically less reverberant rooms with a nonudéf sound
field.

Furthermore some critics can be given regardingctiséce of a time constant itself. There are sorgeraents
in favour of choosing not a certain time instantt b certain smoothed time interval. For examptead of
choosing the interval between 0 and 80 ms, it nepditter to choose the interval between 0 and 8@meseby
every interval is smoothed over an interval of $§agnd 5 ms. By smoothing the influence of refletsiovill be
spread in time, especially in this type of roomsermhthe influence of a reflections is very impotttnis might
be useful.

4.5.2. Comparison of the different positions within a room

45.2.1. Goal

In the previous paragraph the averaged resultseofACC calculations are analysed. The presentés dtanot
give information regarding the measurement diffeesnin a control room. In order to see to what rextbe
IACC differs control rooms qualified as good, thisragraph analyses the variation in IACC calcufatiesults
for the 1/3-octave bands in the control rooms utelstr

452.2. Results

In appendix VII the results are presented for #fe dnd right loudspeaker separately for all thete® rooms
under test. The results presented are based dimtbénterval between 0 and ms. The continuous line in the
graphs presents the averaged value of all the ledilou results in that specific 1/3-octave band.

The figure and table below present only the resoftsthe Topsound control room, excited by the left

loudspeaker. The discussion will also be basecheset data, however it is applicable for all thet@nmooms
under test.
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Figure 66 : IACC calculation results of the Topsoud control room. Time interval used is 0 ¥ ms.
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Table 8 : IACC calculation results of the Topsoundcontrol room, excited by the left loudspeaker. Time

interval used is O ¥ ms.

LEFT Frequency [Hz]

LOUDSPEAKER | 31.5 | 63 [125 P50 500 1000 | 2000 | 4000 | 8000
Receiver 1 0.98 097 097 094 086 068 0.72 0.65 0.59
Receiver 2 098 096 096 094 090 065 063 058 041
Receiver 3 097 096 09 082 080 063 059 049 0.37
Receiver 4 095 096 098 089 085 056 048 046 043
Receiver 5 094 095 095 083 0.78 044 032 044 0.19
Receiver 6 099 097 098 095 083 0.76 074 0.76 0.69
Receiver 7 099 099 09 091 087 066 060 061 0.59
Receiver 8 099 099 095 079 088 065 045 042 0.37
Receiver 9 0.98 097 093 080 0.77 052 043 026 0.21

Receiver 10 099 096 090 056 0.76 039 042 020 0.15
Receiver 11 099 099 091 094 0.75 0.77 068 0.67 0.57
Receiver 12 099 099 094 087 081 069 061 058 045
Receiver 13 099 099 094 079 084 058 057 042 0.29
Receiver 14 099 098 084 084 086 047 050 0.34 0.23
Receiver 15 099 097 085 0.72 0.79 037 050 0.24 0.13

Average 098 097 093 084 0.82 059 055 055 047

45.2.3. Discussion

The results show that at the lower frequenciesbiedow 250 Hz, the differences between the medsi&€C

values are small. The maximum deviation with therage is 4%. The deviation increases by increasiag
frequency band of interest whereby in the highet te differences are very large. In the 8000 Haw band
the maximum deviation with the average is 79%.

In contradiction to the general tendency theretare control rooms with deviating results. The figste is the
Ferry & Garnefski control room. The results of thimtrol room show in the higher frequencies adagpread
in the measurement results compared to the oth@ratdooms. It is likely that this is due to theyanmetry of
the room as a consequence of the large equipmekd m the control room. Furthermore in the Bytamtcol

room it appears that the maximum spread occursoand 1000 and 2000 Hz instead of the highest #rdjies.
An explanation for this could not be found.
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Based on these results it seems that the depenaéribg IACC on the position in the control roontrieases
with increasing the frequency band of interest.cbafirm this assumption and, moreover, to find tmutvhat
extent this is related to the quality of a contm@m more extended examination of the small ro@meduired.

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 7ssl.According to the 1SO 3382 standard the tinberiml of
interest for the calculation of the IACC is defineetweert; = 0 andt, = ¥ ms, where infinity is generally equal
to a time of the order of the reverberation timeithAfespect to a common control room infinity ingdi
approximately 0.2 s.

The figure below shows a typical presentation ofirmpulse response, measured with an artificial hddu
vertical axis presents the relative level in petsethe horizontal axis the measurement lengtle@oisds. The
upper curve presents the right ear, the lower ctirgdeft ear.

o 107

853880888 58883888

Bsyssbessos8usus3nst
E-

8

Figure 67 : Impulse responses of a measurement witlin artificial head. The upper curve presents the
right ear impulse response, the lower curve the lekar impulse response. The measurement length ihe
figure is 1.37 s.

After say 0.15 s the impulse response seems téahehbwever this does not imply that there arepressure
variations anymore. For instance there will alwhgssome kind of a noise floor due to internal nafe¢he
system or background noise. In order to calcula¢el ACC correctly it has to be prevented that thisais not
taken into account. To find out to what extentltaekground noise affects the accuracy of the IA@ICutation,
the influence of the measurement length on theutation is examined.
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4.5.3.2. Method

To examine the error made in the calculation ofl&@C by using an impulse response with a length.87 s.
instead of the by ISO 3382 proposed 0.2 s., thalisepresponses which are measured at the refepmsitéon

with the left loudspeaker to excitate the roomused and analysed for all the control rooms uneksr t

In order to analyse the influence of the lengthtted impulse response the end of the impulse resgoiss
stepwise cut off. This results for every contradmoin impulse responses with a different measurénesgths
of respectively 1.37 s., 1.2 s,, 1.0 s,, 0.8 §,90, 0.4 s., 0.2 s. and 0.1 s. Subsequently txCI#s calculated
from the impulse responses.

45.3.3. Results and discussion
The results of the analyses are given in appendik Xs an example the results of the Ferry & Gdske

control room are presented in the tables below. tRerdiscussion these results will be used, theudson
concerns all the control rooms under test .

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

Time [s] Frequency [Hz]
315 63 125 950 500 1000  200¢ 4000| 8000
1.37 095 099 (d99 096 081 0.84 | 053 [0.55 032
1.20 0.95 099 (.99 96 081 084 | 053 |0.55 032
1.00 0.96 099 (.99 96 081 084 | 053 |0.55 032
0.80 096 099 (d99 096 081 0.84 | 053 [0.55 032
0.60 097 099 (d99 096 081 0.84 | 053 [0.55 032
0.40 097 099 (d99 096 081 0.84 | 053 [0.55 032
0.20 0.97 1099 (.99 96 081 084 | 053 |0.55 032
0.10 0.97 1099 (.99 96 081 084 | 053 |0.55 032

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

Time [s] Frequency [Hz]
315 63 125 250 500 1000  200¢ 4000| 8000
1.37 0.86 093 (d94 061 046/ 0.32 | 037 [0.12 006
1.20 0.85 094 (94 062 045 030 | 037 (0.12 006
1.00 0.85 1094 (94 045 043 0.27 | 037 [0.13 007
0.80 0.88 094 (d94 0465 041 0.26 | 0.36 (0.14 007
0.60 091 095 (d94 045 035 025 | 036 (0.15 008
0.40 089 1095 (94 049 026 0.24 | 036 [0.15 D.1
0.20 094 1096 ({95 047 023} 024 | 036 (0.17 011
0.10 099 |090 ({93 083 045 033 | 041 (024 017

Table 9 shows that the differences in the calcdI#¢C for the different measurement lengths asiginificant
for the time intervals of 0 ¥ ms. On the other hand, Table 10 shows relatiaiyd differences for the interval
of 80 —¥ ms, mainly at the higher frequencies.

The fact that the differences in the late parthef ¢alculation, that is after 80 ms, does not atfee calculation
of the IACC for the time interval between 0 ahdms, implies that the energetic contribution of idie part of
the impulse response is negligible for the IACCcakdtion. Moreover it can be stated that in contomlms the
upper boundary for the time interval to calculdie FACC can be set to 80 ms, due to the fact timehergetic
contribution of the early energy is very large canga to the late energy.
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Despite the decrease of the length of the impuspanse, the calculation of the IACC remains tmeestor all

the different lengths except the 0.1 s. This is ke fact that in this case the impulse resp@set complete
anymore. Therefore the energy ratios used in thauledion, i.e. the early energy, will be affectddastically

which leads to different IACC calculation resultéharespect to the full impulse response calcutetio

Contrary to the other control rooms under testheFerry & Garnefski control room the calculatedises in the
31.5 Hz band are not the same for the differeng timervals. This is due to the fact that in thastcol room the
lower limit of the frequency response of the lowstsers is 60 Hz. This implies that there is lessgynbelow
60 Hz whereby the early energy relative to the &ergy will not differ too much with respect teetbther
frequency bands. As a result shorting the measurelmegth will directly influence the calculatiofi thhe IACC.

4.6. Reverberation times

4.6.1. Introduction

One of the most common used parameters in roonstceus the reverberation tinTg, expressed in seconds.
The reverberation time is defined as the time megufor the sound pressure level to decrease 6@ft
switching off a sound source. The reverberatioresiroalculated from the impulse responses are auatdiom
extrapolation of the measured decay curve betwetvel of 5 dB below the initial level to 35 dB bal.
Therefore in the following the reverberation timi e indicated byTz [S].

First the reverberation times will be compared tte t ITU and EBU recommendations. Subsequently the
receivers will be compared in order to find outtbat extent the type of receiver affects the calioih 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 tolerdimoés for the reverberation times in a criticadtining
environment. In the figure below the recommendéderamce bands with their limits are presented. average
reverberation timd,, [s] is given as

(23) T,= 025

whereV is the volume of the room in‘andV, is a reference volume of 100°m
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Figure 68 : Tolerance limits for the reverberationtime, relative to the average valueT,, [s] [ITU 1116.1,
1997]

This examination aims to find out to what exter theasurements are similar to the recommendatiastual
practice. Therefore the reverberation times areutatled for the control rooms under test and plottegyether
with the tolerance limits given in the recommenaiagi.

4.6.2.2. Results
In the following the results are presented of Jaydénberg’'s Private Studio (JVPS) control room. fidseilts
of all the control rooms under test are presenteapipendix IX. The discussion of the results wdlltased on

the JVPS control room, however, generally, it iplegable to all the control rooms.

Because of the different volumes of the controlmedhe tolerance limits differ slightly between tierent
measurements.

Jay Vandenberg's Private Studio - Enschede Jay Vandenberg's Private Studio - Enschede
Left loudspeaker Right loudspeaker
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Figure 69 : Reverberation timesT 3, [s] of the JVPS control room for the left and righ loudspeaker.
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Table 11 : Measured reverberation timesTso[S]) in the JVPS control room.

Left loudspeaker Right loudspeaker
Frequency | Minimum | Maximum || Average Minimum Maximum | | Average
[Hz]

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 undérmteagree with the recommendations at the lowsgdencies.
At frequencies above 125 Hz differences betweerctmérol rooms can be recognised. The resultseByton

and JVPS control rooms comply exactly with the regeendations, although the JVPS control room isectos
the lower limit.

Furthermore it can be seen that the two smallestralorooms under test, i.e. Topsound and Ferryargfski,
both have a reverberation time below the lower maoended tolerance limit. Additionally the reverhigna
time of the Soundbase control room is at frequenabove 500 Hz also below the lower recommendedaiote
limit. Contradictory to the other control rooms tleerberation time of the Soundhouse control ramreases
at higher frequencies.

One of the design issues of a control room is tdes® an environment as neutral as possible. Thigies
among others that it is desired to have a flat fesgy response. As can be observed in the figures t
reverberation times of JVPS, Topsound, Ferry &m@tski and Byton all have a flat frequency respadnsine
mid and high frequency bands.

4.6.2.3. Discussion

The recommendations given by the ITU and EBU expths tolerance bands in seconds difference relativ
the average reverberation tiffig. It can be argued that this is not expressed r@tasive scale. For example, for
the middle frequencies the recommended deviatidh mispect tol,, is 0.05 s. Regarding the smaller control
rooms this implies that the allowed differencesnesn the average reverberation time and the taleraand
limits are relatively large compared to differenaetarger control rooms.

Besides the tolerance limits also the fact of meaguhe reverberation time in a control room itsedn be
argued. Essentially the reverberation time is asmesafor large rooms with a statistic, homogeno diffuse
sound field. As the control rooms are acousticaliyall environments which are relatively highly atisog
there is by definition not such a sound field preé$e this type of rooms.

Moreover a control room is a critical listening @omment. As has been outlined in chapter 1 thedpe
reflections are very important as these can ruinstbund image in a control room. Therefore it mighatmore
relevant to examine the impulse responses by mefrsg. an ETC plot as these plots comprise a fot o
information about the reflections.

As the measurements show, the differences betweeminimum and maximum values and the average salue
are approximately identical for all the control no® i.e. approximately 0.1 s. difference regardhmg average
reverberation time in the mid and high frequencydsa As the control rooms under test are all stivjey
qualified as good control rooms, it can be stateat the measured reverberation time at differeatqd in a
good control room differs between 0.1 seconds peetve of the volume of the control room. Relaljvthis
implies a difference of up to 50%.

The differences between left and right loudspeaksesl as the source of excitation are very smhkrdfore it

can be stated that in order to calculate the revatlon time of a control room, excitation by owge of the
loudspeakers is sufficient to obtain reliable cklians of the reverberation times in a controlmoo
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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 wethmicrophone with omnidirectional receiving
characteristics, a microphone with so called figoff@ight receiving characteristics and an art#fidiead. In
order to find out to what extent the type of midiope affects the calculation of the reverberatiaretthe
results of one arbitrarily chosen control room @enpared.

4.6.3.2. Results

The graphs below present the calculated averagedreration times. The graphs show the ITU tolezdimits,

and the reverberation times calculated from theuis® responses measured with respectively the omni
directional microphone, the figure-of-eight microple and the artificial head microphones. The laft aght
artificial head microphones are plotted separately.
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Figure 70 : Reverberation times measured with diffeent microphones. The left graph presents the restd
of whereby the room was driven by the left loudspdar. The right graph presents the reverberation tines
calculated from measurements whereby the room wagigen by the right loudspeaker.

Table 12 presents the standard deviations seconds between the calculation results forfole different
microphones for the left and right loudspeaker sspdy.

Table 12 : Standard deviations between the reverbation times.

Standard deviation s [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 thautalon of reverberation time by using differentrophones

are very small, i.e. the average standard devistion the room excited by respectively the left aight
loudspeaker are 0.005s and 0.007s. As this accusafar beyond the common used accuracy regardiag t

80



Room acoustical measurements Chapter 4

determination of the reverberation time, it canstated that all types of used receivers are aliotweapply in
order to measure the reverberation time of a cbriam.

4.6.4. In situ verification of the Bonello criterion

Discussions concerning the quality of a controlmaare mainly focussed on the low frequency problantke
room. In the past there have been a few attempisdier to define the quality of a control room ajecly, such
as the LEDE requirements. In this paragraph ampités made whereby the Bonello criterion is vedfby in
situ measurements.

4.6.4.1. Goal

As has been outlined in paragraph 2.3 there igatestcal sound field in the lower frequency bantiserefore
low frequency anomalies should not be examinedstitatlly but absolute. To examine the low frequenc
response of a control room in order to qualify tllem objectively, the criterion for the distributiocof
eigenmodes in a control room as proposed by Bomelk®81 is used [29]. Essentially this criteridates that
the energy in the adjacent frequency bands showldotonically increase in order to perceive no cation.
This examination is aimed to verify the criteriam the different control rooms in order to find dbitthis
criterion can be a starting point for the objectinmlification of a control room.

4.6.4.2. Procedure

In each control room the impulse responses weresuned at the different positions on the grid with a
omnidirectional microphone. The positions were mead separately for the left and the right loud&pea

By means of FFT analyses the frequency responst®afmpulse responses were generated. Subseqteatly
rms-value of the energy measured in each frequeang was calculated in the 1/3-octave bands bet@eerd
250 Hz as proposed by Bonello (see Table 13). Asrdisults showed, the measurements contained aincert
amount of low frequency energy. This energy is pliy a consequence of environmental sound. It is
commonly known that the lower frequencies, say 11%0Hz are the result of air-conditioning systems.
Additionally, noise between 15 to say 25 Hz is doeraffic noise. Because the lower limit of mog$ttoe
speakers used is between 30 and 40 Hz, it is kelylithat the energy below 30 Hz is the result fué t
loudspeakers and their interaction with the roofmer€fore in appendix X the results are plotted fRvHz to
250 Hz. The frequency band numbers agree withrétpiéncy bands as given in Table 13.

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

Band number Frequency band [HZz]
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 appendtkeXresults of this calculation are plotted inucoh
diagrams as presented in Figure 71.

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

The band number of the column agrees with the &aqu interval as given in the table above. TheZomtal
axis represents the frequency in Hz and the véidida the rms-value in dB. For convenience onby designed
engineer positions are analysed in order to comih&reontrol rooms.

4.6.4.3. Qualification methods

In order to qualify the measurement position oliety, two methods have been evaluated to calcutae
quality of a certain position. In the precedingggaaphs the methods will be outlined in more detail

4.6.4.3.1. Method A

The first method, method A in the table, considemty the difference between the adjacent frequdrayds.
When the rms-value of the frequency band of intdeekigher with respect to the previous frequebapd, the
frequency band is labelled by a plus (+). If thestvalue is lower with respect to the rms-valuehaf previous
band, the band is labelled as a minus (-).The fiiesfuency band will always be labelled as a phiisally all the
plusses and minuses are added which results mgiesiumber notation for that specific position.

As an example, in Figure 71 seven columns can liiléad with a plus and two columns can be labelét a
minus. Therefore this position will be indicatedivwa 5 (7-2).

4.6.4.3.2. Method B

In order to overcome the problems of the previoeshod, the method is extended. To take the impoetarh a
certain dip to our perception into account, thedsawill be given a plus or a minus for each 0.5diference.
The value of 0.5 dB is an arbitrarily chosen valgplication of the 0.5 dB increment leads to p df 2 dB to
be labelled as — 4. If the difference is withif®.5 dB with respect to the previous band, the hatabelled with
a zero (0).

As an example Figure 71 is also calculated accgrtbnthis method. This results for this method isirgle
number annotation of 4.

4.6.4.4. Results
Table 14 shows the calculation results. The singi@ber indications (SNI) are calculated only far ttesigned
engineer position, i.e. position eight in the grithe upper half of the table shows the results fritve

measurements with the left loudspeaker excitatiegrbom. The lower half of the table presents #seilts with
the room excited by the right loudspeaker.
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Table 14 : Single number indications (SNI) of the @signed engineer position.

SNI Method A SNI  Method B
5 Ferry & Garnefski 4 Ferry & Garnefski
3 Topsound 2 JVPS
= E 1 Byton 1 Topsound
39 1 Jvps 0  Bjton
& -1 Soundbase 0 Soundbase
-3 Soundhouse -2 Soupdhouse
5 Ferry & Garnefski 5 Ferry & Garnefski
3 Byton 2 Topsound
= g 1 soundbase 2 Byfon
23 -1 JVPS 1 JJPS
2 -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 adjadequency bands with a plus or a minus, the ottioes
not consider the spectral position of the dip. iRstance a position will be indicated with a 5 witkere are e.g.
dips in the 40 — 50 Hz and 125 — 160 Hz frequemaiyds. Another position will also be indicated wétlb,
although here the dips are in the 40 — 50 Hz aadbth- 63 Hz frequency bands.

Although both positions are indicated equally, st likely that the dips in the second example affeat
perception differently compared to the first exagpl

In addition to the preceding remark, a dip of sayB8is more detrimental for our perception thanaaf say 1
dB. Although it could possess acoustically crititaformation, this effect regarding the actual eiffnces
between the adjacent frequency bands is also evoked

The introduced increment of 0.5 dB in method B ¢@&d to wrong conclusions. When the rms-value of
sequential frequency bands is 0.4 dB lower in leaetording to the method the result of say 5 bams while
the actual dip is 2.0 dB. According to method Btladise columns will be labelled as zero, while altyuthe dip

is 2.0 dB which can be detrimental to our perceptio

As has been revealed during the explanation of eagtthe increment of 0.5 dB is arbitrarily chos&his is a
very stringent increment which is assumed to bel¢hst difference in level which can be recognibgda
listener.

4.6.4.5.2. Results

The results confirm quite well the shortcomingsnaéthod A. It can be visually observed from the mam
appendix X that the rms-values of the JVPS comtvom differ less than the Topsound or Byton contoaim.
However, according to method A the SNI of the Bytamtrol room as well as the Topsound control raesm
higher than the JVPS control room. As the tablexshanethod B seems to agree better with the memsunts.

The control rooms under test are all subjectiveigldied as good control rooms. According to boththods the
SNI of the designed engineer position vary overaath range. It seems that the higher the SNI, diebthe
agreement with the theoretical criterion as progdseBonello. However further research should aomfiis.

As can be seen in the graphs of this analysisifferehces in rms-values between the adjacent &eqy bands
are not as obvious as suggested in the originamafpBonello. The original article of Bonello catsred only
the distribution of the modes in rectangular rodforeover there was no weighting regarding the typmode.
Only amount of modes were counted. The control amder test were excited by the loudspeakers.efdrer
not only modes are measured, but also other radgmend energy is measured. Moreover, each measweéd
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is naturally ‘weighted’ by the fact if it is a akigangential or obligue mode. In accordance whi preceding it
has to be noted that the control rooms under tesdldhave optimised room dimensions whereby igeat
modes should be measured.

One of the main goals of a designer is to createcanstical environment as uniform as possible. fldguency
response at a certain position can be satisfaéborgur perception. But a control room will be j@thas bad if
there are differencdsetweerthe frequency responses. Therefore it can be driinat not the frequency response
at a certain position has to be analysed, butréiffee between two frequency responses at diff@@sitions.

The results of the Soundhouse control room aresimoilar to the other control rooms. The reason foeeeis
that during the measurements the signal-to-notée nas very poor, mainly in the lower frequencyds.
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5. Conclusions and recommendations

This chapter starts with the overall conclusiont tban be drawn from this thesis in general. Heeeafhe
subconclusions and recommendations are given. &aagter is dealt with separately.

5.1. Overall conclusion

The main goal of this project was two folded, oa ttne hand the aim was to make an inventory otlo@istics
of control rooms in general. On the other hand walify the control rooms objectively by room acocet
measurements.

The acoustics of control rooms consists of an auéion between electroacoustical, psychoacoustoal
roomacoustical aspects. In order to optimise thtisraction it is necessary to fully understandithgortance of
each of the aspects with respect to the design odrdrol room. Evaluation of the most important iges
approaches for stereophonic loudspeaker arrangemewntaled that in general these all have simikatisg

points, i.e. time spacing of high level reflectiarsd the low frequency distribution as well ashgh frequency
distribution, in order to achieve an optimal acmadtenvironment.

Concerning the surround sound approaches theracadkstinct requirements to which a control roorowdt

meet at the moment. Generally the present appreatdie be seen as an extension of the earlier sgipredor
stereophonic loudspeaker arrangements.

Regarding the second goal of this thesis, i.eotijective qualification of a control room, it apped that despite
the fact that there is nowadays sophisticated meamnt equipment available, not too many attemmsrade
to qualify control rooms objectively by measurapgameters. As there is no specific standard ®otjective
qualification of acoustically small rooms, i.e. tah rooms, the applicability of well-known room @agstical

parameters for these rooms was evaluated, i.e. 146€ T, Concerning the IACC it seems that the time

intervals chosen for large room acoustics shouldab@isted for small room acoustical purposes. The

reverberation time results showed that despiteatigence of a statistical the reverberation timghéncontrol
rooms under test appeared to be quite indiffexetitd adjacent measurement positions.

Although the methods to verify the Bonello critericegarding in-situ measurements can be optimisedlarge
extent, the proposed approach for the objectivdifqpaion of control room can be a starting pofat further
research.

5.2. Conclusions

5.2.1. Chapter 1: Human hearing system

5.1.The localisation of a certain sound depends onraé¥actors. The main cues for the localisatiorthia

horizontal plane are given by the time and intgndifferences and by movements of the head. In the

vertical plane the pinna reflections are very int@ot in order to determine the elevation of a éersaurce.
As the reflection patterns of the pinna are anglgethdent, the pinna acts as a directional filter

5.2.1n a stereophonic loudspeaker arrangement withotlngspeakers producing an identical signal whetaby
level of the loudspeakers are identical and ther@idelay between the loudspeakers, a phantoroesuuiit

occur in the median plane between the two loudsgrsalBy adding a delay between both sources, the
phantom source will move towards the undelayedcsuks the delay between both sources is betwe@n 63

ns and 1 ms, the direction of the perceived sowwgeimarily determined by the undelayed source.

The time interval hereafter, i.e. between 1 ms 2@0dns, is called the Haas zone. Here the signéhef
signal has to be up to 10 dB higher in level withpect to the direct sound to be perceived separdtds
zone can be extended by reflections properly spectohe, known as the Kuttruff effect.

5.3.When the interaural cross correlation IACC is be®d5, the sound field is perceived as diffusesMalue

is based on room acoustical measurements in la@®ag such as concert halls and opera houses. #t thi

moment no extensive research has been performezhwbifirms if this value is also valid for smadloms
or not.
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5.2.2. Chapter 2:  Architectural design issues of a control room

5.4.Regarding the design of control rooms there isegall frame to which a control room should complige T
International Telecommunication Union (ITU) and tBaropean Broadcasting Union (EBU) have given
recommendations which a critical listening envir@minshould meet. As these are recommendations and
not a standard, these can be girder for the desamevell as for the client, although they canresttnict
either of them.

5.5. The eigenmodes and other low frequency anomalesharkey issue in order to optimise the geomeftey o
control room. The frequency range of interest comeghe frequencies below the so called Schroeder
frequency where the modal density is lower thamtedes per bandwidth.

5.6.1In the past there have been lots of attempts tiongge room dimensions. Therefore lots of ratiosenbgen
proposed. In order to give the designer more freedohis design and to use the volume of a roomemor
efficient, it is advocated to have a certain arét wptimum room dimensions instead of one singkior
The area of optimum room dimensions proposed bylTig and EBU seems to be better suited than earlie
proposals as the widely spaced modes are weighted loy their introduced quality index.

5.7.The so called Schroeder diffusors are based onemsttical sequences. Besides their diffusing perdoca
research revealed that they also absorb, maintynwb#ie design frequency. Interaction between thiswe
poor construction and paint are the main causethisrabsorption. By sophisticated use of this kieolge,
these absorbing aspects can be integrated in fiilwsali without reducing the diffusing quality.

5.8. Although the loudspeaker arrangement of a controfir is theoretically recommended by the ITU and EBU
to be on a circle, it is sometimes impossible t@ntkis recommendation. In actual practice it apgeshat
increasing the angle of the loudspeakers with Esfmethe centre plane shows better results thaingd
delays.

5.9.The location of the low frequency loudspeaker obveapfer should be not on the perpendicular line
between the walls on which the engineer is locateada result the loudspeaker will not be able teedan
axial mode, only tangential or oblique modes. Assthare respectively —3 dB and —6 dB lower in level
relative to an axial mode, these are less detriaheaithough still not desirable.

5.2.3. Chapter 3: Design philosophies

5.10. The reflection patterns in time and space relatveur perception of a certain sound image seerhs to
very important in the design of a control room.drder to manage this several approaches have been
presented during the last years. This lead to fafsbim acoustically inert rooms to more live roombkich
better agree with the actual listening environnudrgt production, the living room.

5.11. The LEDE concept was the first, and until now otiyicept, whereby a certain quality of the room had
to be proven by means of an objective measurehieeETC plot.

5.12. There have been several approaches regarding gigndef a control room suited for stereophonic

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

5.2.4. Chapter 4: Room acoustical measurements

5.2.4.1. Procedure

5.13. For the measurements in the control rooms undérttesin-house loudspeaker system and amplifiers
were used. As these differ for each control rodrg hot possible to calibrate the measuremenesyste.
the outgoing part of it, although it can be stateat the in-house loudspeaker system and the dempliire
an essential part of the whole system whereby ¢iéral room is qualified, especially as in mostesathis
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loudspeaker system is optimised for the room. Tibegdt could be sufficient to only calibrate thexeiving
part of the measurement system.

5.2.4.2. Binaural measurements

5.14. The averaged results of the IACC calculations slibthat one can generally distinguish three stages.
This is explained by the interaural intensity diffieces and interaural time differences. In the fowe
frequency bands the IACC is between 0.95 and 1rDéhe higher frequency bands the IACC is between
0.40 and 0.50. In between there is a transitiorezofnabout two bandwidths where the IACC decreases.
According to Ando’s criterion the soundfield is np¢rceived as diffuse neither in the lower freqyenc
bands nor in the higher frequency bands.

5.15. During the design process of a control room mudbnébn is paid to the symmetry and correct
guidance of the reflections in the control roomabiual practice e.g. extra LCD monitors, loudspesilor
other equipment are placed in the control room.g8quently small differences can be observed between
the excitation of the room by the left or right dmpeaker. As the criterion to use a control roors that it
had to be objectively qualified as good, it carstaged that small symmetrical distortions are afidw

5.16. Comparison of the IACC calculation results betw#sn positions revealed that the dependency of the
IACC on the measurement position increases by asing the frequency band of interest. Especialty fo
frequencies above 125 Hz this is the case.

5.2.4.3. Reverberation measurements

5.17. In the lower frequency bands the control rooms unést all fall within the proposed tolerance band
limits of the ITU and EBU recommendations. For thil and higher frequencies the reverberation time
seems to be more volume dependent. As the reduliw, she smallest control rooms under test have
reverberation times below the lower recommendedt,lijnd the rooms with average volume have
reverberation times which fall between the reconuheenimits.

5.18. Comparison to what extent the used microphone dutie measurements affects the calculation of the
reverberation time revealed that the differencesisignificant. Therefore it can be stated thahegpe of
microphone tested, i.e. omnidirectional, figureetdht or artificial head, can be used in order tasure
and calculate the reverberation time of the comtyom.

5.2.4.4. Verification of the Bonello criterion

5.19. A control room is mainly qualified by the low fregjucy anomalies in the room. Evaluations prior t th
described evaluation concerned statistical analgbéise lower frequency bands, i.e. the standakdation
between ascending frequency bands was evaluatsgédBm this evaluation it appeared that in ordéyeto
able to judge the anomalies correctly the absolatees, i.e. rms-values, should be evaluated idstdéa
using statistical methods such as the standardtfi@vi

5.20. It appears that in control rooms which are subyetyi qualified as good the differences in the lower
frequencies of the calculated rms-values fall withi2 dB. Contradictory to the original criterion aresl
with a monotonically non decreasing slope cannobleeerved clearly. On one hand this is due to e f
that the rooms under test are already optimisethso®n the other hand, the criterion originally cenms
only the modes in a room, without weighting. Durthg measurements not only the modes are measured a
a certain position, also the redundant energy wbainot be neglected.

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

under test with a single number indication (SNipppeared that the proposed method B agrees beettes
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 calledabamergy concept. As the sound pressure of the
different types of modes relative to each othetifferent, it can be argued to weight the differemdes,
e.g. by some sort of a smoothing procedure. Adukily the loudness of each band should be useddier o
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 heaty @m artificial head without a torso was used.sThi
was mainly due to practical convenience as it wdreravise difficult to measure above the console.
However, it is commonly known that the torso alffe@s the perceived signal. Therefore the absefice
torso can be argued. Further research should eraméninfluence of the torso on the measurementtses

5.24. During the measurements the right and left loudspeaere used separately. Because of the symmetry
of the control room the frequency responses shdaddidentical. However in actual practise both
loudspeakers will be used. In future examinatiohengby the acoustic quality is related to the paroe at
a certain position, the use of two loudspeakersttegy seems to be more realistic.

5.25. In order to examine to what extent the acousticality of a control room is affected by the in-heus
loudspeaker system measurements should be perfomitieéind 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 caktiat IACC does not affect the calculation resuits.
appeared that the calculation results between @ m$3and 0 ¥ ms differ insignificantly. On the contrary,
the calculation results between 8C¥- ms interval differ largely. Therefore it can beatetl that the
contribution of the energy after 80 ms is too leworder to contribute to the IACC. In order to lxeato
make statements regarding the evolution of the IAC&mall rooms during the time, it is proposeadjust
the time interval. A common known time instant & ®s. Future examinations should be performed in
order to see to what extent the proposed timerih$ta small rooms give more information regardthe
evolution of the IACC in time.

5.3.2.2. Reverberation measurements

5.27. The reverberation time is a measure of statisticahogenous environments. In small, heavily damped
environments such as control rooms and studio tlkgver definition no statistical homogenous aiffdiske
sound field present. Therefore the use of the pat@nctan be argued. It seems to be more relevant to
evaluate the actual reflection patterns as thesmsé¢o be more important regarding the quality oédain
room. Further research should confirm this statémen

5.3.2.3. Verification of the Bonello criterion

5.28. Continuous research should be focussed not onlimpnoving the methods but also on considering
more positions in the control room. Therefore ibwd be noted that the quality of a control room is
dependent on the equality of the control room. Titiplies that not only the frequency responses at a
certain position should be analysed but also tfilerdnces between the frequency responses of adjace
measurement positions.

5.29. In order to find out to what extend there is arlgtien to the subjective experience of the contooim

and calculated data further research should bemweed. Therefore not only control rooms should bedu
which are subjectively qualified as good but alsntmol rooms which are subjectively qualified aslbas a
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result statements can also be made regarding tige raf results between subjectively as good and bad
qualified control rooms.
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Epilogue

The epilogue of this document is used to explatitle of this document. During the project thbieve been
lots of discussions with different kinds of peoplo are related to control rooms in different wagsjong
others designers, engineers and researchers, hbouio define the quality of a control room, adea@s and
drawbacks of design methodologies, what materiatailsl be used etc. One of the most remarkablegshin
during the conversations was the importance ofinteraction between the engineer and his envirommisn
Ben Kok remarked very well, a control room is ligeshoe: it has to fit the user. To illustrate tlsfew
examples will be given which illustrate perfectlyat the quality of a control room is not only admaly
determined.

As has been said before a control room and theneagishould be as one. That this is true has been
demonstrated in different ways. For instance, ie tlontrol room of Ferry & Garnefski, dance related
productions are made. Typical of these productisriee pronounced bass. As they use near field torsnand
produce in a very small control room it is diffitub judge if the low frequency content of the pwotion is
enough. Actual practice learned them that when #reystanding in one of the corners of the comtroi, and

the bass sounds there good, they know the low émgyucontent in their productiasigood.

Another example to illustrate the interaction af dontrol room as a whole is illustrated by Ben Kskwell as
Alex Balster. In their designs they both advice ¢thistomer of a new control room to use the firshthe after
delivering up the control room to use the monitmirthe old control room. The engineer is so tocaiprated to
the old control room. When he uses his old monjtoesis able to get used, or get calibrated, tanthe control
room. After having been calibrated for the new oointoom, the new monitors can be used and thenergi
again has to be calibrated.

The relativity of a good acoustical environmenaliso demonstrated by an example given by Martiredgrg
of the Soundhouse complex. During the design psooéshe studio complex there is not only paidratta to
the design of the control room, but also to therding room and the secondary area around the diegpand
reproduction rooms such as bleu rooms, kitchencesfetc. One of his productions concerned tantpieck
music. While searching for the right acoustic ambefor his recording it appeared that not the siicaily
well thought recording room was best suited forrémording of the production but the bleu room.

Besides the relativity of a good acoustic environtnalso the visual aspects are very importantHerengineer
to feel comfortable in the control room. The impmite of the visual aspects of a control room israjrathers
given by Bernard Bos of the Topsound studio. Alieatyears ago he built his own control room. Oheryears
he had made large productions and he as well asusidmers seem to be very pleased with their tesul
However a few years ago Bernard himself did nolt éeenfortable anymore in his control room. Consetlye
according to his personal critics, the resultdisfproductions were less good. Therefore he dddideestyle
the control room. This implied not architecturabofjes but only the taint of the control room waangfed, i.e.
new colour carpet and a new colour of paint onwhds and ceiling. After this superficial interfeie, he felt
again comfortable in his control room and the gyalf his productions was back on its former level.

A last example of the complexity of control roomsidms is confirmed by all the engineers. That ieewa
production is finished on the in-house loudspeadetem, the production is evaluated on another tyfpe
loudspeakers in the control room, and most impoértenthe hi-fi system in the living room or the @rdio
system. If the production is satisfactory on a## #ystems the production is finished, otherwiseetlias to be
tweaked again and again until it is good.

The previous examples illustrate perfectly thabatml room which is subjectively qualified as goeat only
depends on the acoustical design but also on deslesive psychological aspects. All these aspkate to be
in a certain kind of harmony in order to make tlatool room qualified as good. Some of the aspeats be
physically explained and optimised, but there &iteaslot of things which cannot be easily expkdhto adopt in
the designs of control rooms. In other words, tityfunderstand why a control room is qualified a®d there
are still a lot of decisionseyond control
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