
  

Proceedings of the Institute of Acoustics

THE SOUND FIELD DISTRIBUTION PROBLEM OF ROOM EQUALIZATION

Jan Abildgaard Pedersen

Bang s Oiufsen NS. Research 8‘ Development Denmark

0. ABSTRACT

The success of room equalizing depends on the soiution at several dltierent problems. A central
problem is the sensitivity of the system to changes In the position at the sound source as well as the
receiver. The position at the sound source and the receiver is crucial to the performance of a room
equating system. Using computer simulations and physlml measurements. the distribution of the low
frequency sound field is analyzed. A special analysis was car-led out to explore theuse of 2 microphone
positions around the listenan position. This lead to the conclusion. that the position sesitivity is less
when using 2 microphone positions compared to 1 microphone position.

1. INTRODUCTION

The purpose or room equalization is to minimize the influence of the listening room when reproducing
sound through loudspeakers. Several different approaches have been reported. Including manually
tuned graphic and parametric equalizers. These approaches. however popular to the common user. are
not suffraent In anyway to solve the complex problem of room equalizing. Automatic tuning of a graphic
equalizer Is reported In [1]. but this does not drum-went the limitations of graphic and parametric
equalizers. namely the Inability to produce any causal uanei'er iundlon.

inautomatlcsystems.thsbesicapproaurlsbasodonmoeeunngmetransfernrnctionhomme
loudspeaker to an omnldlrodional microphone. placed on the pretered stoning position. Theoretically
Itlelransferfundionoftheldeal roomequallzingfiltarcanbecelurlatadaeihelnverseoithemeasured
transfer funidion A transfer iunctton measured in a room. however. Is under nonnei conditions related to
a non mlnlrnum phase system [2]. The Inverse of a non minimum phase system can not be both stable
and causal because the inverse system contains poles outside the unit drcie. A common solution to this
problem Involves the design of a minimum phase equalizing filter that corrects the amplitude
characteristic. and leaves part at the phase characteristic uncorrected. The use of modern digital signal
processing enables a causal and stable approidmation to the ideal equalizing filter. which corrects the
phase characteristic to a certain extent. as well as correcting the ampll'brde chereuensfic. Doing this, a
pure delay must beaccepted beside the acoustic delay due to the fact that a pure delay can not be
removed by a causal system.

The type of filter used for room equalization commonly Is Finite Impulse Response (FIR). The use oi
FIR filters ensures a stable realization. Most widely used methods for deriving the cceificients of the
filter involve optimization using the criterion of Least Mean Squares (LMS). A LMS solution can be found
in several different ways, but the straight forward algebraic solution Involves inversion of a matrix. When
the order of the FIR filter increases this inversion becomes unpractical and other approaches are used.
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The references [3]. (4]. [5] end [6] describe room equallmtlon systems based an adaptive filters.
Tradldonaltyanadapflvetfllariscreatedlnanltsrativeprocess. lnwttldt thecoefllclentsoftheFlRlllter
converge towards the optimum filter by means of a pertmmnce function. Norrnany the LMS criterion Is
applied In this process, but In acoustic applications the LMS oriterlon Is not satistactory because It Is not
psychoaccusticalty optimal [5]. Due to this tau some systems use another criterion In an attempt to
utilize ttre present psychoacoustlc knowledge [5].

Most reported methods for designing an equalizing filter are based on fixed positions oi loudspeaker
and microphone. When the position at the loudspeaker or the microphone is changed. the transfer
iunaion from the loudspeaker to the mlaephone also changes If the equalizing filter Is not changed
according to the change In position. theeflecte can be severe colouring. preechoes. etc The placement
of the loudspeaker does probably not dlange very often. and the equalizing filter can be adjusted alter
every movement. But theposition otlhe recslverllistenerdoes Indeed change. eg. when the listener
meshislherhead.lneddrtlontheearsotttreustenerarenotplacedhrlheaameposltlon but
separated about 18 cm.

Elliott at al [71 reports about 'MuItiple-Polnt Equalization In a Room'.. Miler: Is an equalizing system that
Is based on measuring the transter functions from the loudspeaker to 4 dilterent mlaophones The
Initial approach In [7] consists at an equalizing filter construued from the measurement at only one
microphone position, and the result is evaluated at all 4 microphone position At the first microphone
position. the amplitude characteristic was approidrnatety perieotalter equalbetlon. butat the 3 other
microphones the results were worse allerequallzatlon compared to the Initial situation without equalizing
filterm. Basedcntheseresullaanewattemptwas madeMIan-rioh thetransfernrnctions to aII4
microphones were usedto design the equalizing filter. This leads to some Improvement at all 4
microphones. but theresth at any ct the 4 microphones were tar away iron a perfectly flat amplitude
atomistic. Thlslsamsunotltreserlsitivltyurdransehmepcslhcnotmereoeiwr.

The Imporflnoeofthe loudspeakefpositlon Iswell demonstrated In [8]. [a] and [10]. where different
efieds.causedbymovlngtheloudapeaker.arestudled. Frorntheseshrdlesitcanbeseen.ttratsome
placementsnearretiedingpianesaremcreidealthancthers.

Frmnmlshoanbeseurdratmeealslfiwtybdrangesmpoelbmotmndeoumeandreoeiverlse
central problem oldesigning a room equalization system.

2. METHODS

The aim at this wart: Is to adrleva new knowledge about the sensitivity problem described above. The
trequerroyrangeotlnteresttssettclhelowtrequenqrangehom tot-tztoEOOHLThasiratsgylsto
anatyzethesormdtleid. Flrstotellthlslsdonetryanalyzlngfliesoundpressuredistributionofthem
frequency sound held In one listening room. Following this. an anatysls oi the sensitivity to changes in
Iheposilionoithereeelmlsperfumed.Amajorpertottheenatyelslsoarrledoutuslngamom
simulator programme. developed an the principle cl mirror Images. Using this tool it is possible to

handle a large number of transfer funalons. To verily the results from the simulations. a series oi
physical measuremenb wascarried out in an lEC 268-13 standard listening room. Finally the position

' sensitivity Is analysed when using 2 microphones near the pretered listening position.
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2.1 Room simulator programme. As a tool used in the rest at the work. a room simulator programme
was . Theprogramme was written inthe programming language ANSI C. Execution time
varies depending on the length or the Impulse response to be cstwlated and on the dimensions of the
room. The programme was mn on an iBM compatible PC. which is based on the Intel Pentium
processor (150 MHz). Using this PC, one simuhtion lasted 5 minutes (impulse response length = 400
ms. room shown in figure 2). The impulse response is canUIaled at discrete times. corresponding to
time sampling at 4 kHz sampling rate.

The basic principle of this room simulator programme Involves modelling is room by an infinite number
otvlmal sound sources. each operating In free field. The impulse response. Irom the physical source to
the receiver. is then calwlated by summing up all the contributions from on of these virtual sources.
The positionsotthevlmal sound sources can be found as Iterative mirror images ofthe physical sound
source. This principle lslrncwn asthe Imagemethod orthe principle otminor Images.

A number of res‘bldions and approximations term the basis of a simplification of the programme:

- The Programme does only spplyto redangular rooms.

- The loudspeaker ls modeled as a point source. Le. omnidiredienai charactenstic and constant sound
pressure at all frequencies when operating in free field.

- No lumitures can be modeled and included In the simulation.

- The reflection tannrs of the surfaces orthe room are independent of the angle of Incidence and or
the hequencl. Ditterent reflection factors in different frequents; subbands are. however. possible by
multiple runs of the programme.

- Therefiecllontsctcrsarersaivaiued andoonstantovertheentiresurtaceofawall. Iloororoeiling.
but the retleuion fedora can be spedfied Independqu foruch otthee surfaces oia rectangular
room.

- Thesotmdebsorptionintheoirlsnegieoted.

- The number at Included virtual sources are finite.

Time sampling is performed by caloriating the values of the output at times. which are an integer
multiple or the sampling period. Together with a 10. older Butterworth lowpass filter, this eliminates the
time quantizing error. which Is Introduced in [11], when the delay is rounded oil to the nearest Integer
multiple of the sampling period. Transfer flmctions are tabulated using a 4096 point FFI' to transient-
the calculated impulse- responses to frequency domain. The cheradenstic bohnlque. used In the
developed programme. Is the continuous time simulation of rooms. which lead to the programme title:
'ConSIm". Additional Information about the simulation program, 'cOnSlm'. is avaible hom [12].

2.2 Sound pressure distribution. The room dimensions and the reflenion factors. in tilts analysis. are
chosen to approximate the IEC standard rrstening room. which Is to be used later during the
measurements. Figure 1 shows these properties of the simulated room. The reverberation time. T“, . oi
this simulated room is estimated to 315.4 ms by the formula 01 Sabine [13].
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The first step In analyzing the influence of the sound pressure distribution is n'ied out by simulating the
transfer firndions trom 2 different loudspeaker positions to 17 listening positions along the middle of the
room The listening heightwas constantly 1.10 rn. which is a typical height of listening. when a person is
seated. Figure 2 shows the 2 diflerent loudspeaker positions. The first 200 ms oi the impulse response
was calotrlated using Constrn. The length of the impulse response corresponds to a frequency
resolution of apprmdmatelyd Hz [3]. Care was taken Mien choosing the length of the impulse response,
making sure that the response has decreased to a satistaacry small value before truncating.

All virtual sound sources, within a distance corresponding to a delay of 200 ms. are included in the
calculations. In this case. the number of virtual sound sources were 28152. The pressure distribution is
then analyzed at several frequencies using a 4096 point Fi-‘l’ to transform the impulse responses to
trequeno/ domain.

A more extensive analysis of the sound pressure distribution was performed as well. The transfer
firnctions from loudspeaker position A to 81 listening positions were simulated. The listening positions
were distributed uniformly in a plane 1.10 m above the floor. which can be seen In figure 3. These 81
transfer functions made It possible to achieve a general view at the pressure distribution In a rectangular
room at different frequencies

2.3 Position sensitivity based on simulations. in this analysis of the position sensitivity. 'ConSim' was
used to simulate the same room as In section 2.2. which is shown in figure 2. The loudspeaker was
fixed to position A The position sensitivity Is analyzed by examining the effects of changing the listening
position away from a reference The reference listening position forms the third angle in an
equilateral triangle. of which the loudspeaker and a hypothetical symmetrical placed loudspeaker form
the two other angles. The height of the reference listening position was 1.10 rn. The listening position
was changed 10 cm in each of the directions: urudown. lettlright and tomardlbackward. figure 4
contains a table of both reference listening position as well as relative listening positions.

The length otthe calculated Impulse response was 200 ms. Alter calculation oi the 7 transfer functions.
the 8 positions away from the reference podiion were nonnallzed according to the reterence position.
Le. the amplitude We. simuhted at the reference position. was subtramed on a logarithmic
scale (dB) from each of the 6 other amplitude characteristics This operation is similar to Inserting an
eqmtizer. which is designed to corred the amplitude diamoterlstic In the raierence position. In the
signal path. in other words. this operation enables an evaluation of room equalimtion systems. which
are based on measuring the transferiunction from the loudspeaker to a fixed microphone position.

14 Position sensitivity based on measurements To verity the results in section 2.3. a series of physical
meaememente were carried out In an EC 268—13 standard listening room This room has similar
dimensions and approximately equal reverberation time to the room simulated In section 2.3. The
loudspeaker pbcementwasfixed eta position 1 m from the nearest and wall and 1 rn from the nearest
side wall The loudspeaker position and the reference microphone position are shown in figure 5, at
which the dimensions of the used rec standard listening room are shown as well.

The loudspeaker was a KEF model 107 - type SP3059 placed directly on the floor. The used
microphone was a pressure calibrated measure microphone. Broel 8 Klaer 4166. placed vertically as
shown In figure 8. The height of microphone, at the reference position was 1.10 m above the floor. in the
frequency range of interest this microphone has an omnidirectional characteristic.
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The position of the microphone was changed 10 cm In each of the diredions: Lip/down. left/right and
tomrerdlbadtvrdrd. Including the reference position the total number of microphone positions were 27.
Figure 1 shows the positions of these 27 listening positions. Finally the position oi the microphone was
moved 30 cm and so cm away from the reference position In the direction lettin'ght to set the
perspective of die measurements.

The transfer functions were measured using a MLSSA masuring system. Installed in an IBM
compatible PC. The MLSSA system uses 3 Maximum Lenght Sequence (MLS) as test signal. and uses
crosscon'eia‘tion to WIOLIIBIB the impulse response. To prevent time aliasing. the length of the MLS was
set to 1024 ms. which is far beyond the reverberation time of the room. The sampling rate was set to 4
kHz. and the on board programmable antialiasing filter was set to Butterworth characteristic. while the
outfit frequency was set to 1 kHz. A time window of 200 ms was used to reduce Influence of noise,
This corresponds to a frequency resolution of 4.45 Hz [3]. The transformation to frequency domain was
canted out usinga 4098 point FFI'.

2.5 Position sensitivity using 2 microphone positions. As mentioned In section 1."MultipIe-Point
Equalization In a Room" by Elliott et at m is a method, where 2 or more microphone positions are
selected around the prefered listening position(s). This method had shown some Improvements
compared to using only one microphone position. From Elliot et at. It an bee seen that using more
microphones enables some improvement at a number of listening positions. while using only one
microphone position lead to hearty perfect equalization at that particular microphone posticn and both
improvements and deteriorations at other positions.

Considering this. it is interesting to investigate the position sensitivity of 2 microphones near the listening
position moved in parallel 10 em both In the right and left directions relative to the reference positions of
the two microphones. This should then be compared to 1 central placed miaophone. again moved 10
cm Ieltlright. The separation of the 2 microphones is chosen to 0.50 m. “Mich is reasonable considering
the frequency range of Interest Figure 8 shows the simulated listening room. which is identical to the
one used in section 2.1 and 2.2. end the postion of the loudspeaker. Also Included in this figure are the
reference positions of both the 2 miuophones (LEFT MIC and RIGHT MIC) moved In parallel and the
central pieced microphone (CENTER MIC). Short vertical lines indicate the movements of +l- 10 cm
relative to each microphone reference position. The position sensitivity of 1 microphone is also
investigated around the LEFT MIC and RIGHT MIC reference positions. .

'ConSlrn' was then used to simulate the first 400 ms of the impulse response at all the different
microphone positions. This conesponds In a frequency resolution of approximatety 2 Hz [a]. A 4096
point FFI' was used to transform the time signal to frequency domain. In the case of 2 microphones. the
2 Individual amplitude responses are averaged by summing the squares of the individual amplitude
responses. dividing by 2 and then misting the squareroot. This is done at one frequency at a time,
The means. that only 1 single amplitude response results from 1 simulation of the sound pressures at
the 2 miuophones. After moving the 2 microphones, In parallel. this procedure Is repeated.

Similar to the procedure. described in section 2.2. each simulation result from positions away from the
microphone reference position. are normalized ecordlng to the simulation result from the reference

-_ position. Le. the amplitude response simulated in the reference position Is subtracted from the
' _ v- amplitude responses simulated in the +10 cm and -10 cm positions.
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3 RESULTS

The results at this work are grouped Into A logical sections, namely results conoemlng the sound
pressure distribution. the results concerning position sensitivi‘ly. based on simulations and
measurements and finally a sedlcn containing the results of using 2 microphone positions compared to
1. The sound pressure distribution has been enatyzed. and knowledge about the unevenness or the
sound pressure at dilferent listening positions was achieved. The position sensitMty has been analyzed
using both simulations and physical measurements. and results are available. which enable an
evaiuation at room equalization systems. based on 1 fixed receiver position. In addition to this. It Is
possible to evaluate the effect or using 2 microphone positions near the pretered listening position
compared to 1 microphone position. . '

3.1 Sound pressure distribution. The sound pmssure distribution was first eramined at 17 positions
elongthemlddleotthereern.nmeheouenqdmesmdurgwmwhlotrlse‘nrsdeflsedhthet
liait'ottheweveierrgthlsequaitotheiengthcfthesirnuiatedrecm.FlgweBshcwsmeempiimdeorthe
sound pressure at the 17 positions along the middle of the room. Both the results concerning
IoudspealrerposltionAendB.reterringicfigure2.arelncludedintigureoJ't-resmplitudeoftheeound
preseurelsmnnalizedtethemaximumampfmidemhidiistoundetmenesrestendweliretativebthe
loudspeaker. '

FigureeoieailyshowsmestendingwaveatzzHLvMentiieloudspeakerisetpositionAaswetlesat
position B.Asexpeded. the amplitude isminimum. ie. indudesanotnh. halfthreughtheroom. Le. 3.90
m from either end well. At this point. the amplitude is between 18 and 18 dB below the level at the
nearestendwail. This Indicatestheextentoftheunevenness. ltshouidbenotedthatthegrestest
drangeearecenteredemundthenotohotdieampfimdedleutbutim le.smaiidrengesinpedtiorrlead
tothegreatestchengeslnsound pressureemplitudeflnwntheleterenoeposflbnlsplaoedmrthe

' notch. attire middleotthe room. No significant difierencelsnoiedbetween budepeakerpodtionAend
B.

NMHzthestandlngwaveappeaIslnfigureto.asmededjuththlscasethedifiereneebetween
birdspeelier position A and 3 becomes significant Generally. the sound pressure smplihrde.
oonespondingtopesiiionB.isappruzdmatety7deelowheampfimde.conespondlngtopoflflenAAt
theeeeer'idrnlnirnum.ie8mmmdreendwaiinearesttothatcudspealrer.thediflerencebetweeri
positionAendBreadIesWdB. ~

Toedrleveagenemlvlewofthesound pressuredistributtcnalongthemiddleotthereemetseveral
frequencies. egrephicpresentatlon lsused. invmtohhequeneyendgeographtmlplaoement. elongthe
Inlddieetthemom.erecomNned.ThegeogrephieeipieeememelongdremIddieofdiemomis
measuredlnthedlrectiorc uptothe ten. infigure11.andthehequenqinueasesinthedlredionzupto
the right. From figure 11. it is possible to evaluate theunevenness oftha sound pressure distribution at
hecuenciesimm 10.7 HztoeeJHzin etepsoiO.977l-lzTheetandirr9wavesat22Hz.Ml-tzendot66
Hz appear clearly in figure 11, The unevenness tends to be more significant at trequendes near the
normal-modes. Le. at 22 Hz. 44 Hz. and 66 Hz but not at 88 Hz. Generally the unevenness tends to
decrease at higher frequendes.
Figures 12to 14 show the results irom simulating the transter tunwone from a loudspeaker to 81
different receiver positions. In ligure 12 the standing wave at 22 Hz is verified to vary only In the ‘
direction: toward/backward, and not in the direction: left/right. In figure 13 the standing wave at so Hz Is
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generally verified to have a similar property. but the amplitude is increasing towards the comer. at mist:
the loudspeaker is placed. The real unevenness of the sound pressure distribution to best ahwn In
figure 14. In which the complex standing wave at 60.4 Hz is recognized (mode 2 - 1 - 0). >

3.2 Position sensitivity based on simulations. The amplitude of the sound pressure at the reference
position. is shown in figure 15. This figure shows that the amplitude characteristic ls dominated by a
numberot peaks and notches. The notches seem to be generalty more nanow than the peaks.

Alter calculation of the deviation from the reference position. limiting curves of the deviation were made.
based on comparison of the 6 deviation curves, corresponding to the 6 positions away from the
reference position. l.e. these deviations are caused try movement at the receiver position. away from the
reference position. The limiting curves are shown in figure 16. The typical deviation In the frequency
range of interest is approximately 3 dB above or below the reference. but several peaks. In both
directions. of the limiting curves are observed. The divlation at these peaks is from 15 dB to 30 dB. The
worst deviations tend to be observed at frequencies. where ttre reterence amplitude Includes a notch.

3.3 Position sensitivity based on measurements. A series of physical measurements were performed to
verify the resulb. achieved from the simulations in section 3.2. The presenmtion of the results is chosen
to be similar to that in section 3.2. i.e. presentation of the amplitude oharmteristic at the microphone
reference position, and limiting curves of the deviation from that reference position. The used IEC
standard listening room has similar dimensions and approximately the same reverberation time as the
room simulated in section 2.2. The loudspeaker position, L1. is placed near position A. refering to figure
2 and figure 5. This Is the reason. why figure 15 and figure 16 are used. when comparing simulations
and measurements. .

Figure 17 shows the sound pressure amplitude characteristic. at the reference position. and it should he
noted that 0 dB. In figure 17. corresponds to 20 uPaN. The voltage Is referring to the terminals of the
loudspeaker. The RMS value of the sound pressure, at the reference position. when continuously

leading the MLS signal to the loudspeaker. was measured to 74.7 dB re 20 “Pa, When comparing
figure 17 and figure 15. good agreement is found. especially at low frequencies. Note the peaks at
approximately 22 Hz. 42 Hz and 66 Hz at both figures. The ctlaraderlstic notch at approximately 50 Hz
Is also found at both figures. The highpass properties of the physical loudspeaker are dearty notable
below approximately 40 Hz,

Figure 18 shows the limiting curves of the deviation from the amplitude at the reference position. and
the pattern is comparable with figure 16. i.e. the deviation becomes more fluctuating at hlgher
frequencies. The most important similarity of figure 18 and figure 18 la the tendency that the worst
deviations are found at frequencies, where the amplitude characteristic. at the reference position.
includes a notch.

To set the perspective. measurements were performed at 30 cm and 50 cm distance from the reference
position. in the direction: left/right. Figure 19 shows the deviation from the amplitude at the relerence
position when the microphone is moved 30 cm to the right and to the left. This shows the seriousness of
the sensitivity problem because deviation exceeds 10 dB in relatively wide areas of the trequency range.
At 60 cm distance. figure 20. the results only confirm this property ofthe sensitivity problem. while

. ..several peaks. of 20 dB or more. are observed.
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3.4 Position sensitivity using 2 microphone positions. The simulated amplitude characteristic at the
microphone reference position 'CENTER MIC‘ is presented In figure 21. 'CENTER MIC‘ Is defined in
figure a. The amplitude characteristic is dornlnated by a number of peaks and notches. Figure 22 shows
the deviations um by moving 1 microphone to cm to the left and to the right relative to "CENTER
Mlc“. It should be noted. that the curves In figure 22 are not limiting curves. but 2 actual deviation
curves - one from the left movement and one from the right movement Below 100 Hz deviations of 5 (13
are found, and a very narrow peakof 13 dB ls discovered. Above 100 Hz levels of 10 to 15 dB are found
a number of times. These results agrees with the results found In section 3.2 and 3.3 when the different
impulse response length (time window) is considered.

The amplitude charaderistic at the microphone reference position “RIGHT MIC' ls found In figure 23.
From this figure it can bee see. that some similarities are found when comparing figure 21 and 23. The
deviations caused by moving 1 microphone 10 cm to the left and to the right relative to this reference
postion. 'RIGHT Mlc". are found In figure 24. Below 100 Hz deviations tends to be a bit lower than In

figure 22. Le. levels 014 dB or more are found a number of times Above 100 Hz levels of 5 to 10 dB are
found a number of times. which is a lower level than in figure 22.

Figure 25 shows the simulated amplitude characteristic at the microphone reference position 'LEFr
MIC“. Again some similarities are found. when comparing to figure 21 and figure 23. When moving 1
microphone 10 cm to the left and to the light relative to the microphone reference postion 'LEFI' MIC".
deviations below 100 Hz tend to be equal or less compared to figure 22. This can be seen from figure
26. The levels are kept below 5dB in the frequency range below 100 Hz with only 2 Item exceptions
of 7 dB. Above 100 Hz the deviations found are comparable to the levels In figure 22. while levels of 10
to 20 dB are found a number of times. '

The average of 'LEFI' Mlc‘ and “RIGHT MIC“. calculated as described In section 2.5. is found in figure
27. This average amplitude characteristic Is characterised by some of the same proberties as the
amplitude charawedstis in figure 21. 23 and 25. But the averaging pieces (geometrlc) leads to a bit
more smooth curve. which can be seen. when comparing figure 21. 23. 25 and 21. Figure 28 presens
the deviations mused by moving 2 microphones in parallel 10 an to the left and to the right. As an be
seen In this figure the level of the deviations below 100 Hz is reduced to approximater 1.8 dB. Above
100 Hz the general level is approximately the same as below 100 Hz with only a few eneptlons. When
ooparing figure 25 to any of the figures 22. 24 or 26 It is clear. that the general level of deviations caused
by movements of OI- to an is reduced significantly by employing 2 microphone positions compared to 1.

4 DISCUSSION

The performance of 'ConSim" can be evaluated in several differentways. but the most direct method Is
to compare the simulated amplitude characteristic to a measured one. This is done In section 3.3. and
the results were In good agreement at lower frequencies. Lesa or no agreement at higher frequencies.

can be explained by a number of circumstan. E.g. the loudspeaker position. used In the
measurements. differed about 25 on in distance to the nearest 2 side walls compared to position A.
which was used In the simulations. The reflection factors. used In Constm. were intuitiver set to values,

which correspond to a reverberation time approximately equal to that in the physical IEC standard
listening room. In addition .to this. approximations were made when-developing 'ConSim'. as described

in section 2.1. It should. however. be noted that the intention never was to perform a simulation of the

exact same room as the physical IEC room. The intention was to simulate some room with

approximately the same properties,
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Results in section 3.1 strongly agree with the theoretical knowtedge about normal-modes. which
suggests that 'ConSim" is able to simulate the essential properties of the sound field. Based on this
consideration “ConSIm' Is conduded to be able to simulate essential properties of a transfer function in
a rectangular room. These facts also suggest that the restrictions and approximations In 'ConSim' do
not prevent 'ConSim' from providing usable and accurate lnforrnation.

The results in section 3.2 indicate that position sensitivity is primarily related to notches of the standing
waves. This makes sense because the steepest areas of the sound pressure distribution of a standing
wave are located around mlnlma points. is. notches. Combining this resulth die tendency that the
unevenness is decreasing at higher frequencies makes an important point avoid listening positions near
minima points oi the standing waves. which possess the lowest irequendes in other words. a listener
should avoidselecting a stoning position near the minima points of the first few standing waves. A
similar advice applies to the loudspeaker placement as well. while the transmission from a minimum
point of sound pressure was found to be less effective In eealon 3.1. Here It should be noted that
loudspeaker position B is placed near the first minimum of the standing wave at 44 Hz The major
irregularities of the sound pressure amplitude distribution are found at the frequencies of the standing
waves in a room. This observation shows the significant influence of the standing waves at low
frequencles. .

A remarkable finding in sections 3.2 and 3.3 Is that the worst and most significant position sensitivity is
found at frequencies. at which the sound pressure amplitude at the reference position Includes a notch.
The practical impala of this is that notches should not be exactly equalized using a filter. which includes
a peak at the same frequency. as this will lead to serious problems in practical use. Advican not to
perform exact equalization of notches Is not new. but the arguments are usually of the psychoacoustic
type [5]. Now the position sensitivity is an argument. not to perform exact equallion of deep notches,
as well.

This analysis of the position sensitivity problem explains the unsatisfauory results achieved by Elliott at
at [7]. when evaluating the resulting transfer functions to 4 different rniaophone positions. after .
designing an equalintion filter from the transfer function to only one of the microphone positions. Elliott
at at tried to solve this problem by measuring the transfer function at several different listening positions.
and to take all of them into account. when designing the room equalization filter. This principle prevents
equalization of deep notches. provided that the notches are not common to tire selected listening
positions.

An important fact consists of the agreement between the results achieved in section 3.2. based on
simulations. and the results achieved in section 3.3. based on physical measurements. In both sections.
position sensitivity was found to be related to riddles. and position sensitivity was proved to be a
significant problem, which can not be neglected when designing room equalization systems. In other
words. future development of room equalization systems. based on only one microphone position.
seems to be useless.

The significance of the achieved results ls related to the development of room equalization systems.
which offers an improvement in practical use. Such a system demands a wide degree of insensitivity to
changes of the listening position. which could enable the listener to move around in the listening room
as well as enable several listeners to experience the Improvement simultaneously. This is found to be a
demanding task. due to the serious efleds caused by small movements of to cm. not to mention 30 cm.
60 cm or even longer distances.
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One point In this matter is the results found in section 3.4. wtrere the use at 2 microphone position is
compared to the use of only 1 microphone position. This strongly lndkzte. that the average pressure
from 2 microphone positions is less plagued by position sensitivity than the sound pressure picked up by
only 1 microphone placed at either of the 2 positions or In the mlddel of the two. This means that sound
pressure used to design the room equalization wstem is less Influenced try choice at the microphone
positions. when using 2 podlions compared to 1 position. But alter designing the room equalization
system, the listener is still Iettwtth the test, that the actual listening position ohoosen is slgnlfiant to the
experience due to the distribution of the sound field. which is not changed by employing 2 microphones
during the measurements.

5 CONCLUSION

The conclusions of this work can be summarized In. the following statements:

- The developed morn simulation programme, 'ConSim'. was proved to be a valuable tool to handle a
large number at transfer functions

- Good agreemehtwas found between simulations and measurements.

- The listening position should not be placed near mlnlma points of the standing waves, which are well
spaced ln hequency. This follows from the finding that position sensitivity is related to the minima
points or standing waves.

~ Significant differences in the amplitude at the sound pressure were found. depending on the listening
position, due to significant unevenness oi the amplitude distribution in a listening room.

- The major Irreguhritles oi the sound pressure amplitude distribution were tound near the frequencies
or the standing waves attire room.

- Notches should not be may equalized, as the worst and most significant position sensitivity was
found at treeuendes. where the amplitude oharederistic at the reference listening position Includes a
notch.

— Position sensitivity can not be neglected, while significant changes occur because of 10 cm
movements of the listening position. The situation is even worse at 30 em and so om distances.

- Future dewiopmsnt of room equalization systems. based on only one mimophone position. seems to
be useless because etthe position sensitivity problem.

- The position sensitivity of the avarege sound pressure at 2 microphone positions ls less compared to
1 microphone position.
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Figurz 2.- Gmund plan of the [WW IEC standard listening mom. and position: 01‘ laudapeakzr plaunmu

A man. The loudspeakznmpiaccd 0.46mabove Ihefloor. Nolztlw indication aflhe middle afihe mm

mmfllionabngmenuflqufmmmflmmundfiummzmdwafl whichitdzpicredmlhtlzfi.
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Figure 3: Position: of 81 Meter" receiver paws, depicted on the 11de plan. Not: that all paints are pla-
ced 1.10 In ubave the floor.

Refemnce position (x.y.z) = (2.07m. 3.06m. LIOm)

 

Figure 4: Rehnive positions a] the receiver paint, i.e. 6 receiver paints. No. 2 - 7. away from the Nference

paflliml. Na, 1.
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207 m

1.00 m

0.7.! In

0.00 m

 

0.00 m LOO m 2.36 In 2.35 m 8.36 m 7.80 m

Figure 5: Ground plan of the IEC nandard listening mom. land in the mammalian: In secflan 2.4. "Mk" l:

the nIchphone. 'U' L! the physical buflpmker and 'L2' L! a hypothetical numerical placed lament".

N01: M "LP, "12' and 'Mlc'lum an equila-leml triangle The height fifths mumphme it [.10 m above

the/bar. '

Microphone\

\
Extension

  

   

Height

Stand —.

Preamplifier

Figure 6: Height of the micmphane. measured from the floor and up. More the vertical phcemznl of the mi-

crophone an the stand.
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Figure 7: Placement of the 27 receiver puma. used In themm In tension 2.4. The 3 plane: are
W100»; I.I0n|undl.20mabavelhefloanThrefamepoxidauhbmudluthemaeraflhe
Inlddleplane. Thedmmee hemeen 2 receiver painter: 10cm ineaeh offludireaiou: WM lefi/rlglu
andforwani/backward.

7.50 m

CENTER RIGHT
MIC MIC

 

0.00 Ill LBZ m 2.32 mi

Flgure 8: Gruuud plan a] the simulated [EC .mndard lixlenl'ng mom, and die parman qf laud-speaker place-
ment A. The laudepeaker I: placed 0.46 m above the floor. IEFI' MIC and RIGHT MIC refer: to the 2 micro-
phone position. which are moved In pamlel. The .rlwrl vertical lines Indicate IIIe movement: of +/- I0 cm
relaxtve to each micmplmne reference posilion. M! micmphane posiliaru are located LID m above the floor.
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Figure H:Ampfl:udeajdu¢mundpmmmdmmwsiflmualmglh¢Waflheroomandanm
{mm Mgwgmphkalphcmmulanglhemiddleoflh:mmirmmuradbllhedimfim-up
Mahala/lmficquawyhcmublthafimmzmupmmgdghllnmpxofoflflflzfinmla7m967111.

 

Figure I2: Amplitude of the sound pres-m: at 22 HI. simulated a! 8] Maren: Win in the room. The
length of Illa mom I”: MW in the direction: up a: the right. and the width i.“ measured in th: direction.-
up In the lefi. The Inn'qu afall point: i: [.10 mt
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“gm IJ:Amplhud¢afth¢nundpmmrem66HL Warhesmw pim'zicruiuhfigure 16. Nate
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Figur! I4: Amplimd: uf the sound pressure at 60.4 Hz .u'nwhuzd at [In sum: 8! position: a: in figur: I6. I
This ia- n complex shunting wave of order 2 along [ha lenglh 01' III: mum and a] order I along III: width of

the room.
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Figm 15: Amplitude of the wand pressure in line reference pasifl'on. 71:: laud:er is placed in position A.

 

10‘ In’ In’
MIMI

. Figure I6: limiting curve: 01‘ devlalion of the amplitude. mum! by lellg Ihe receiver pair". The Inudxpra-
Izzr placan I: pas-Mon A.
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Figure 17: Amplimde :1 III: round pun-we in the nferance position af the phytical (EC nandani "Melting
mm.
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My [HI]

Figure l8: Uniting curve: of deviation of Ike amplitude. muted by moving the receiver painL Measurement:
a! 27 (“fem Inleruphane pasiliun: were performed In pmduce this figure.
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Figure 20: Curvn ofdzviaflon of III: amplimdz. caused by moving the microphone pan'linll 60 cm to live It]?
and la the right aflhz reference position.
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Flam 21: Amplilude of the mud prawn. one nllcmphm pofldan: CEWER MIC - "fame poflnbn

  

FM[Hz]

Figure 22: Curve: ofdtvlafl'an 11] III: amplitude, tamed by moving one mlcmplwne position IO cm In the lefi

and lo "I! n'ghl oflhz "fauna: pavilion: CENTER MIC.
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Figure 23: I!an oflhe :aund pmxure. one Inknzphou posldon: RIGHT MIC - refinance pan‘dan

 

"R:- 10’ I I I mI

Martini

Figure 24: Curve: 0f devialion of III: flnlpll'flldfl. caused by moving on mlrmplmu paslllon I0 cm to the left
and la the right of the reference poinle RIGHT MIC
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Figure 26: Curvu afdzviadan of the amplitude, cmzd by moving onemicmphane pmition I0 cm [a the left
and to the right of lhe Maren“ pan'flnn: LEFT MIC.
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II$| : I Icl E I In:

Fleur! 27: Amplitude of III: sound pressure. average 0} two microphone posittmu: RIGHT MIC and LEFI‘
MIC - ngfeum posklam

 

alum . 7 . . .m . V m,

Hun-WW]

Figun 28: Curve: afdevlau'an of the amplitude. maxed by moving Ma microphone position: I0 cm In the la]!
and (a the right of the reference paxilioru: RIGHT MIC and LEI-T MIC.
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