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Room modes are well known to cause unwanted effects in the correct reproduction of low
frequencies in critical listening rooms. Methods to control these problems range from simple
loudspeaker/listener positioning to quite complex digital signal processing. Nonetheless, the
subjective importance and impact of these methods has rarely been quantified subjectively.
A number of simple control methods have been implemented in an IEC standard listening
environment. Eight different systems were setup in the room simultaneously and could therefore
be tested in direct comparison to each other. A panel of 20 listeners was asked to state their
preferred configuration using the method of paired comparison. Results show clear winners
and losers, indicating an informed but simple strategy for efficient control.

0 INTRODUCTION

The problems of room modes and their effects on the cor-

rect reproduction of low frequency audio have warranted a

large body of research. Initial studies into architectural de-

sign for listening rooms concentrated on objective factors

such as modal densities and distributions and their room

counterparts of volume and room aspect ratios [1, 2]. Al-

beit impressively accurate in terms of predicting objective

parameters of the room response, these initial studies led

to a number of theories for room design that were lacking

support from a sound knowledge of listener’s perception in

the room. In many cases a number of design techniques,

mainly based on room aspect ratios, were developed, sup-

posedly to warrant an optimally sounding low frequency

reproduction [3–5].

Later studies into the subjective perception of modal fac-

tors [6, 7] provided some further guidance into the design of

rooms that could be used in optimization techniques such

as those described by Cox et al. [8]. Further studies into

perceptual aspects of room modes provided the scientific

evidence required to attribute a relative importance to the

various modal parameters [9–12].

Parallel advances in the area of loudspeaker and dig-

ital signal processing (DSP) design have led to a num-

ber of modal control techniques that attempt to improve

the loudspeaker-room interaction through a number of

methods (see [8, 13, 14] for examples). More recently,

a psychoacoustic method where problematic modes are

equalized and supplemented with “virtual bass” has been

presented [15]. These techniques have various degrees of

success in the improvement of objective modal response

parameters and necessarily involve various levels of cost/

efficiency.

It could be argued that the efficacy of a given method

may be measured by how well it improves the perceived

quality rather than some objective metric obtained from the

room response. Of course, to find the correlation between

objective metrics and subjective quality is the ultimate goal

and this work is ongoing. For highest level of performance

a system should be scrutinized under critical listening con-

ditions (this concept is defined in Section 2.1 of this paper).

Research into the subjective perception of modal control

techniques is scarce. Perhaps the earlier and best example

is provided by Antsalo et al. where two modal equaliza-

tion methods are investigated subjectively [16]. The perfor-

mance of commercially available room correction methods

have also been investigated by Olive et al. [17]. In contrast,

the work presented here investigates a number of configura-

tions based on simple principles such as source and listener

positioning for single and multiple source configurations,

simple magnitude equalization, and one type of “active”

modal control recently published. To afford a practicality

and applicability aspect to this work, it is the intention of

the authors to investigate configurations that are simple to

implement and within reach of most professional music

studios. With this aim, all of the configurations imple-

mented use only one or two subwoofers, with the exception
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of one configuration that uses four. Two of the configura-

tions require a simple DSP unit providing delay and gain

adjustment for a single channel. Another two require a pink

noise generator and a frequency analyzer.

The paper describes the implementation of each config-

uration in detail in Section 1 to allow interested readers to

replicate the conditions tested. For the listening tests, all

configurations had to be implemented simultaneously, re-

quiring a total of eight matched subwoofer loudspeakers.

Consequently, there is substantial overlap in terms of loud-

speaker location between some configurations and, under-

standably, not all possible configurations have been tested.

The aim is to demonstrate that a few simple, well informed

steps may afford substantial perceptual improvement in the

loudspeaker-room interaction at low frequencies. A single

listening position was tested.

The listening test methodology, described in Section 2,

has been designed to allow allocating each configuration to

a subjective preference scale. The eight configurations have

been simultaneously installed in an IEC standard listening

room and a panel of 20 healthy hearing listeners have been

asked to select their preferred configuration through a series

of paired comparisons consisting of all possible combina-

tions. The paired comparisons have then been converted to

a ratio scale using the law of comparative judgment ([18],

quoted in [19]).

1 SYSTEM IMPLEMENTATION

Eight modal control configurations of varying degrees

of technical complexity have been set-up in the Listen-

ing Room at the Acoustics Research Centre, University

of Salford, UK. The room meets the standards set out in

ITU-R BS 1116-1 [20], BS 6840-13, and IEC 268-13 [21]

and has the dimensions Lx = 5.8, Ly = 6.6, and Lz =

2.8m.

To implement all configurations simultaneously, eight

active Genelec 7050B subwoofers were used. These were

set to reproduce low frequency signals below 120 Hz. A

Genelec active monitor (1029A) was used to reproduce the

high frequency content. Signals sent to this speaker were

high passed at 120 Hz and the speaker was placed in front

of the listener at a distance of 2 m. For each configuration,

the same mono bass signal is used to drive each speaker.

The distance from listener to each subwoofer corresponds

to their positions according to each configuration listed in

Table 3 (Section 7) and no compensation for group delay

between subwoofer and full frequency range speaker has

been attempted. The listening position was chosen as the

absolute center of the room along the width and length

dimensions (2.9,3.3,1.2). The listeners were seated, with

ear height at 1.2 m. This particular listening position was

chosen due to the relationship between modeshapes (i.e.,

the modal pressure distribution for a single mode) and lis-

tener location. The listener position is on the intersection

between nodal lines for odd order modes along the length

and width dimension of the room. In theory, this seating

position should not be strongly affected by room modes
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Fig. 1. Modeled responses for subwoofer in corner and two re-
ceiver positions. Eigenfrequencies are indicated by straight lines.
Modal orders for first six modes are indicated for width, length,
and height respectively.

associated with these orders as is evident in Fig. 1, which

shows the modeled response with subwoofer in one corner

and receiver in the center. For reference, a corner-to-corner

prediction is also shown in Fig. 1 (dashed curve). The ver-

tical lines indicate the eigenfrequencies supported by this

combination of room ratio and volume. The modal orders

for the first six modes are indicated next to their modal

eigenfrequencies.

Although, only one listening position was studied, mea-

surements were taken around this and show the expected

differences in the magnitude response; anecdotal evidence

collected among the listeners has shown that the general

character of the response for each configuration did not

differ noticeably at positions around the listening position,

suggesting these results may be extrapolated to a small lis-

tening area around it. An acoustically transparent curtain

was used to hide all loudspeakers.

Coupling of subwoofers to modeshapes is a crucial ele-

ment in modal control systems and as such the definition of

modal order, and its relation to modeshapes, is important.

Modal order, n, describes the number of half-wavelengths

n ×
L
2

in the modeshape that “fits” within a certain room

dimension to produce a room mode. Table 3 lists details

for number of subwoofers, their positions, control method

applied, and resulting modal coupling strength.

Measurements were taken for each system at the listening

position using an appropriately defined sine sweep method.

Third-octave low frequency decays have been calculated

from the measured impulse responses. Plots with measured

magnitude frequency responses and modal decays are pre-

sented for each system. The thresholds for detection of

modal decay defined by Avis et al. [9] are also presented in

these plots for direct comparison. Table 4 in Section 6 lists

the measured decays numerically.

The following sections provide a detailed description of

each system tested.
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Fig. 2. Measured magnitude frequency responses and third-octave
decay times (T60) for single subwoofer placed in the corner. Mea-
sured at listening position. The dashed line in decay plots repre-
sents the threshold of detection for low frequency decays defined
by Avis et al. [9].

1.1 Corner Configuration with No Equalization

This is the most basic configuration tested. It is simply

based on a subwoofer placed in the front left corner of the

room, on the floor. This could be deemed as the “worst

case scenario,” since a subwoofer placed in the corner of

the room, where modal pressure is at its highest, will couple

strongly to all room modes.

The modal features in the measured response are evident

in the form of resonant peaks in the frequency response and

long low frequency decays extending to nearly one second

(Fig. 2). A comparison can be made between the measured

response shown and its modeled prediction shown in Fig. 1.

It is seen that these are generally in agreement, especially at

strong resonant frequencies of 50 and 75 Hz, although some

differences can be observed. These differences between

modeled and measured data are to be expected as even small

discrepancies in room dimensions, physical positions of

microphone, and subwoofer have a bearing on the response.

Furthermore, the accuracy of the model in predicting the

exact damping conditions in the room also influences the

modeled response.

1.2 Corner Configuration with Magnitude

Equalization

This configuration is identical to that described in Sec-

tion 1.1 where the subwoofer is placed in the corner. How-

ever, in this case, magnitude equalization has been applied

to reduce the magnitude frequency response variation mea-

sured at the listening position. This is a common approach,

now also available in various commercial software applica-

tions (e.g., [22]), and may be typically achieved either with

graphic or parametric equalizer units placed between the

signal source and the loudspeaker. In this work parametric

equalizers have been used and applied only to the subwoofer

signal, below 120 Hz. The equalization procedure applied

is as follows.
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Fig. 3. Measurement of frequency response at the listening point
(center of the room) with one subwoofer placed in the corner—
before and after equalization has been applied.

A pink noise source signal was replayed through the

subwoofer reproduction system. Reading the signal at a

reference microphone placed at the listening position, the

parameters of the filters were adjusted until the microphone

response matched, as close as possible, the original fre-

quency response curve of the pink noise—this process can

be easily achieved with an audio workstation wave editor.

Once this process was completed, the filter settings were

applied to the audio signals being sent to the subwoofer.

Important notes about this type of procedure:

1. The application of drastic filter parameters using

high Q-factor and gain settings is not advisable. High

gains may drive the loudspeaker into non linear be-

havior; and very high Q-factor filters have a long

decay artifact in the time domain that may also be

noticeable, oddly enough, as a resonance! As this

type of equalization is applied to the signal before it

is reproduced by the loudspeaker, the first wavefront,

as it passes through the listening position and before

it gets modified by the room response, will contain

these artifacts, which may be audible and degrade

the perceived quality.

2. In most cases where this equalization procedure is

applied, one makes use of a frequency analyzer that

smooths the response in third-octave or even octave

bands. Fig. 3 shows the response of the system be-

fore and after equalization in third-octave bands. The

improvement is clear. However, it should be noted

that non-smoothed data (Fig. 4) shows a different

outcome. An optimal application of this equaliza-

tion procedure requires higher resolution for the dis-

play of frequency domain data in order to correctly

identify center frequencies and bandwidths of room

modes. The parametric equalization settings can then

be adjusted accordingly.

It is clear from a comparison of Figs. 2 and 4 that the

application of filtering has merely shifted some problems,

such as the strong mode at 50 Hz, while introducing other

irregularities in the response. Another interesting result is

the modifications obtained in decay times. There is a clear

reduction at 60 Hz and above but an unexpected increase at

40 and 50 Hz, to beyond 1 second! Whether this procedure
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Fig. 4. Measured magnitude frequency responses and third-octave
decay times (T60) for single subwoofer placed in the corner with
applied equalization. Measured at listening position. The dashed
line in decay plots represents the threshold of detection for low
frequency decays defined by Avis et al. [9].
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Fig. 5. Measured magnitude frequency responses and third-octave
decay times (T60) for single subwoofer placed in the center. Mea-
sured at listening position. The dashed line in decay plots repre-
sents the threshold of detection for low frequency decays defined
by Avis et al. [9].

has resulted in a perceptual improvement will be discussed

in Section 2.2.

1.3 Center Configuration with No Equalization

This configuration is simply based on a single subwoofer

placed on the floor near the front wall, directly in front of

the listener. The speaker is effectively on the width-wise

symmetry line of the room and thus weakly coupled to any

modes that have a null in their pressure response along this

line (i.e., odd order width modes). This speaker position is

not uncommon in professional and home studios, where the

speaker is simply placed under or behind the mixing desk,

often for convenience. It may be argued that most studio

owners/users will not place the subwoofer exactly on the

symmetry line as is tested here, but slightly displaced to

one side. While this could be considered good practice in

trying to “miss out” the node associated with odd order
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Fig. 6. Measured magnitude frequency responses and third-octave
decay times (T60) for single subwoofer placed in the center with
applied equalization. Measured at listening position. The dashed
line in decay plots represents the threshold of detection for low
frequency decays defined by Avis et al. [9].

modes along the width dimension, it has been shown that

noticeable differences are only evident when substantial

displacements in the order of more than 0.5 m are applied

[23].

A further reason for using this configuration is that

the subwoofer position is identical to those used by more

complex (multiple subwoofer) configurations, such as the

“Front-Back” (see Section 1.6) thus allowing one more sys-

tem configuration to be included in the test.

1.4 Center Configuration with Magnitude

Equalization

Identical in placement to the configuration described

in Section 1.3, this configuration includes equalization of

the magnitude frequency response. The same equalization

method as described in Section 1.2 has been employed.

Third-octave band results clearly showed an improvement

over the “pre EQ” response but closer inspection of the

non-smoothed data (Fig. 6) shows a somewhat less desir-

able magnitude frequency response. The modifications to

decay times are also interesting: there appears to be a re-

duction of decays at 50 Hz and below; and an increase in

decay times at 80 Hz and above.

1.5 Controlled Acoustic Bass System (C.A.B.S.)

This configuration has been recently proposed by Ce-

lestinos and Nielsen [24]. Interestingly, a patent relating

to the same principle had been submitted in 2000 by [25]

(Genelec) and around the same time Goertz et al. also pub-

lished a paper describing a very similar system [26]. The

acronym suggested by Celestinos and Nielsen (C.A.B.S.)

will be used throughout this paper when referring to this

system.

C.A.B.S. is perhaps the most complex and costly imple-

mentation of all tested here. It is based on a “source to sink”

principle where the sound wave is generated by two sub-

woofers placed at the front of the room and “absorbed” by
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two rear subwoofers as it reaches the rear wall. The config-

uration therefore employs four subwoofers in total, where

the “source” speakers are placed at:

y1 = y2 = 0 (1)

x1 = 1/4L x ; x2 = 3/4L x (2)

z1 = z2 = 1/2L z (3)

and the “sink” speakers are placed in exact mirror positions

against the rear wall of the room.

Critical to this system, and as a result of the subwoofer

placement, a plane wave is created along the y (length)

dimension of the room. With the “source” speakers placed

equidistantly from the boundaries in the x (width) and z

(height) planes, the reflections from these boundaries act as

a two-dimensional source array creating the plane wave. It

is important to note that this principle has an upper cut-off

frequency of:

fmax =

c

d
− !ǫ (4)

where d is the distance between the speakers and !ǫ is a

factor depending on the room absorption. Assuming negli-

gible absorption at very low frequencies (not untypical for

a well isolated, brick wall, room) and our distance of 2.9 m

between speakers, we get an upper frequency of approxi-

mately 120 Hz, which is close to the cross-over between

subwoofer and “satellite” speaker. A similar frequency limit

applies to the z dimension since the subwoofers are placed

at a distance of 1.4 m from both floor and ceiling.

The “active” aspect of this control configuration comes

into place as the plane wave reaches the rear wall. At this

location, the “sink” speakers reproduce the same signal in

anti-phase, which has the effect of cancelling the plane wave

reflection from the rear wall. The delay between “source”

and “sink” speakers has to be aligned to the time taken for

the wave to propagate along the length of the room. This

can be determined using:

!t =

L y

c
(5)

where Ly corresponds to the length of the room. Distances

are in meters (m) and c is the speed of sound (343 m/s for

the calculations presented). The delay used for our tests was

0.0201 seconds.

The gain reduction applied to the “sink” speakers must

match the attenuation undergone by the traveling wave.

Since it is considered as a plane wave, simple spherical

propagation rules do not apply. Indeed, for a theoretical

plane wave no amplitude reduction would be expected. Ce-

lestinos and Nielsen [24] mention that “delay and gain were

fine tuned empirically” in their system. A simple process

where the variation in the frequency response at the listen-

ing position is minimized by adjusting the gain of the rear

speakers may be used.

For the tests presented here, we defined the required gain

reduction using an optimization procedure based on mea-

surements taken in the room. The cost function minimized

was the standard deviation of the transfer function (magni-

Fig. 7. Search surface used to optimize C.A.B.S. delay and gain
parameters.
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Fig. 8. Measured magnitude frequency responses and third-octave
decay times (T60) for C.A.B.S. Measured at listening position. The
dashed line in decay plots represents the threshold of detection for
low frequency decays defined by Avis et al. [9].

tude frequency) obtained from combining each of the four

subwoofers at the listening position. The optimization pa-

rameters were gain reduction and delay of the rear speakers.

The optimized delay closely matches that obtained from Eq.

1; the optimized gain reduction for the configuration tested

was found to be 1.8 dB. Fig. 7 shows the search space used

to find the optimal parameters for C.A.B.S.

Comparing the response of the C.A.B.S. system (Fig. 8)

with that of the corner system (Fig. 2) it is clear that both the

magnitude and Q’s of modal peaks have been significantly

reduced. The magnitude response is one of the smoothest

of all the systems measured. Also noteworthy is the drastic

reduction of energy in the room. The decay times at the very

low frequencies of 40 and 50 Hz have been reduced to about

0.3 seconds. At such low frequencies, and considering that

no added damping has been introduced in the room, the

objective performance of this configuration is impressive.
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Fig. 9. Measured magnitude frequency responses and third-octave
decay times (T60) for “Front-Back.” Measured at listening posi-
tion. The dashed line in decay plots represents the threshold of
detection for low frequency decays defined by Avis et al. [9].

1.6 Front-Back (FB) Configuration

Welti and Devantier have performed an extensive study

on methods to optimize low frequency reproduction using

multiple subwoofer configurations [13]. The aim of the op-

timization procedures applied in the study was to achieve an

even spatial distribution over a defined listening area. The

systems described employ multiple subwoofers and signal

processing control over phase, attenuation, and cut-off fre-

quency. Interestingly, one of the simplest configurations

presented is shown to reduce modal problems and provide

low seat-to-seat variation even though no digital control

is applied to the subwoofers. This configuration uses two

subwoofers, one placed at the front and another at the rear

wall, directly in front and behind the listening position (see

Table 3 for more detail). Speakers are placed on the floor

and driven in phase. This configuration will be here de-

scribed as “Front-Back” (FB).

Given its particular positioning and phase relationship,

weak coupling is expected for odd order modes along the x

and y dimensions resulting in an improved response com-

pared to excitation of a single subwoofer.

Observation of Fig. 9 reveals some modal artifacts may

be seen in the frequency response and the system is asso-

ciated with shorter decays compared to single subwoofer

in the higher frequency range. Interestingly, the decays at

the lower frequencies (40, 50, and 63 Hz) are similar to

single subwoofer configurations whereas the higher range

under study (80 and 125 Hz) shows a significant reduction.

The specific positioning of speakers and listener and the

in-phase excitation of the two subwoofers results in an in-

teresting coupling pattern with modeshapes (refer to Fig. 1

for detail of modal orders):

• Coupling to odd order width modes is weak for both

subwoofer and listener—this means the effects of

modes at 28 Hz and 38 Hz are not revealed in the

measured response as expected.
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Fig. 10. Measured magnitude frequency responses and third-
octave decay times (T60) for “Source-to-Sink.” Measured at lis-
tening position. The dashed line in decay plots represents the
threshold of detection for low frequency decays defined by Avis
et al. [9].

• Coupling to even order width modes is strong and

thus their effects are clear, for example at about 58

Hz (see mode 2,0,0 in Fig. 1).

• Coupling to odd order length modes is weak at

source, since both subs try to drive out of phase

portions of the mode-shape; and receiver which sits

in a nodal line. Room modes at 25 Hz (0,1,0) and

38 Hz (1,1,0) are not noticeable in the response.

• Coupling to even order length modes is strong for

both subwoofers and receiver. As a result, the modes

0,2,0 at 50 Hz and 1,2,0 at around 58 Hz are very

evident in the measured response.

1.7 Single Source-to-Sink (SSS)

This is an optimization on the previous configuration,

where the rear subwoofer is now used as a “sink” radia-

tor in similar fashion to the C.A.B.S. system described in

Section 1.5. The settings for gain and delay are identical

to the C.A.B.S. since the distance between speakers is the

same. The use of a single generating subwoofer and its spe-

cific modal coupling no longer ensure y dimension plane

wave propagation under the same conditions as those in

C.A.B.S. Since the subwoofer is now equidistant to both

walls by Ly/2 = 3.3m, the cut-off frequency for plane wave

propagation has been reduced to around 50 Hz. A similar

limit frequency is obtained for the height.

Surprisingly, the SSS configuration still achieves a fairly

flat frequency response and a strikingly short time domain

response. In contrast to the “Front-Back” configuration,

this improvement of the response is clearly afforded by the

“active” nature that the source-to-sink approach brings.

1.8 Opposite Phase-Opposite Corner (OPOC)

This implementation is based on the theory that specific

subwoofer/listener position and phase inversion achieve

weak coupling to all modes. Both speakers are placed on
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Fig. 11. Modeled response for OPOC system at listener position.
Single subwoofer, two subs in phase, and the combined anti-phase
configuration.
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Fig. 12. Modeled response for OPOC with deliberate “errors” for
source and receiver positions. Combined anti-phase configuration.

the floor in opposite corners of the room (side to side and

front to back) and set in opposite phase. According to their

placement and phase relationship, the subwoofers should

not couple to even order modes in both width (x) and length

(y) dimensions. They do couple strongly to odd order modes

in these dimensions, but the chosen listener position, at the

intersection of nodal lines for odd order modes, ensures that

these are not picked up by the listener.

Theoretically, the response of the OPOC system where

the listening position is the absolute center of the room,

should result in a totally flat response with no excitation or

reception of any room modes except those in the z dimen-

sion. Fig. 11 models the response of a single subwoofer in

the corner, a second subwoofer in the opposite corner acting

in phase with the first, and finally the theoretical scenario of

both subwoofers out of phase—a flat response at 0 dB. In a

real room scenario however, the positions of both speakers

and listeners are never exact, and so this ideal theoretical

response is highly unlikely. Fig. 12 models the response
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Fig. 13. Measured magnitude frequency responses and third-
octave decay times (T60) for single “Opposite-Phase-Opposite-
Corner.” Measured at listening position. The dashed line in decay
plots represents the threshold of detection for low frequency de-
cays defined by Avis et al. [9].

obtained if the source and receiver positions are allowed to

deviate just 20 cm from their ideal symmetrical positions.

The result is now similar to that actually measured in the

room for this configuration (Fig. 13).

Indeed, in the measured response there is clear evidence

of modal peaks and, perhaps more worryingly, the decays

in the lowest range have been extended beyond the values

obtained for a single subwoofer. Anecdotal evidence from

the listening test also revealed that an audible flutter could

be heard, giving a particularly unnatural feeling to the play-

back. A periodic pattern could also be observed in the time

domain impulse response (not included in this paper).

2 LISTENING TESTS

2.1 Methodology and Setup

A panel of 20 listeners was tested. Twelve of the listeners

tested were part of an expert panel participating in a larger

study on low frequency reproduction quality in rooms [27].

The remaining eight listeners may be considered naı̈ve lis-

teners, with no prior experience in listening tests for the

assessment of low frequency reproduction conditions.

Two commercially available music samples have been

used. These were chosen according to their low frequency

content and how adequately they allowed effects such as

resonances and frequency imbalances caused by modal be-

havior in the room, to be heard. A short description of

temporal and tonal content for each sample follows:

Sample A (Dynamite)—Fast paced bass guitar notes in

a funk genre. Bass notes closely spaced in time.

Sample B (Lenine)—Slow, individual bass notes with

short attack and decay; defined and isolated bass drum

hits.

All listeners were allowed a training period where they

could get familiar with the samples and configurations un-

der test, as well as the test interface. A touch screen and a

MATLAB written user interface was used to assist in the

selection of samples to be played and to collect listeners’
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Table 1. Coefficient of consistency for subjects tested using music Sample A.

Subject 1 2 3 4 5 6 7 8 9 10
ξ 0.55 0.20 1.00 0.85 0.65 0.95 0.80 0.80 0.80 0.70
Subject 11 12 13 14 15 16 17 18 19 20
ξ 0.80 0.70 0.80 0.50 0.55 0.05 0.60 0.80 0.25 0.80

Fig. 14. Waveforms of the two music samples.

responses. The touch screen was placed within reach of

the listener but such that it wouldn’t cause any unwanted

reflection artifacts.

The test methodology is based on the Law of Compara-

tive Judgment (commonly known as “paired comparison”),

which poses a very simple task to the subjects: For each

presentation pair, subjects were asked to state their prefer-

ence based on the configuration they believed to provide

the best low frequency reproduction for critical listening.

The underlying methodology for this test is described in

more detail in [27], which is also reported in this issue of

the Journal. The definition of critical listening is provided

to the subjects as:

The process where you listen to the audio program in a

way that allows you to evaluate and interpret its charac-

teristics in depth and make decisions regarding any prob-

lematic features such as resonances, frequency or level im-

balances, lack of definition, etc. An example of a critical

listening environment would be in a recording or mastering

studio.

Subjects were also asked to concentrate on the low fre-

quency reproduction aspects of each configuration. All pos-

sible system pairs have been tested, which corresponds to

28 auditions for each music sample.

All systems were reproduced in mono and calibrated to

reproduce an Leq level of 85 dB (corresponding to LAeq of

76 dB) across the frequency range, for the duration of the

sample (approx. 6 seconds).

2.2 Results

Before a ratio scale could be built from the paired com-

parison results, the data was analyzed for individual subject

performance. This is known as the “coefficient of consis-

tency” and is a normalized ratio of the number of circular

triads in the data set for a given subject compared to the

total number possible. A circular triad is evidence of in-

transitivity. For example, where the symbol “>” denotes

preference:

A > B > C > A

is regarded as a circular triad. A more consistent result

would be:

A > B > C < A

Tables 1 and 2 show this coefficient of consistency for

each of the 20 subjects grouped by music sample. In Table 1

six subjects show a consistency of 0.6 or lower—results

where the number of circular triads is likely to result from

random answers. In Table 2, five subjects have scored below

0.6. The data for these subjects was thus removed before

the paired comparison results were calculated.

Analysis was carried out for data collected grouped by

music. The results from the paired comparison tests were

analyzed using Thurstone’s Law of Comparative Judgment

[18]. This methodology allows ordering the systems under

test on a ratio preference scale, based on normalized scores,

or z scores. The z scores relate to how consistently each

configuration has, on average, been rated better than all the

others. We have analyzed statistical significance in three

tiers:

1. z<1.96, p>0.05, not significant

2. 1.96<z<2.58, p<0.05, significant at 5% level

3. z>2.58, p<0.01, significant at 1% level.

The z score for each system can be used to determine

whether a significant improvement in reproduction quality

has been achieved.

Results are shown in Fig. 15, grouped by sample. Results

for each sample have been normalized to the lowest scoring

system (subwoofer in the corner for both samples). Direct

comparison across music sample data is meaningless.

Analysis of data reveals a striking difference in trends

between results collected using Sample A and those using

Sample B. Results for Sample A show that it is not partic-

ularly helpful in revealing perceptual differences between

the systems under test—all systems lie within one z-score

of the worst system and never cross the 5% significance

level. We believe the characteristic temporal and musical

Table 2. Coefficient of consistency for subjects tested using music Sample B.

Subject 1 2 3 4 5 6 7 8 9 10
ξ 0.50 0.70 0.80 0.90 0.90 1.00 0.70 0.15 0.35 0.60
Subject 11 12 13 14 15 16 17 18 19 20
ξ 0.95 0.85 0.80 0.90 1.00 0.80 0.65 0.95 0.40 0.40
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Fig. 15. Performance for each system in terms of z score grouped by music sample.

differences between the samples are responsible for this.

These characteristics in Sample B allow modal artifacts

to be heard more clearly and thus lead to better informed

judgment regarding the reproduction quality of each sys-

tem. Results for Sample A lack the statistical evidence to

warrant further discussion. However, this result is in itself

of extreme importance since it establishes that the selection

of tests sample(s), particularly in this type of “realistic”

testing, is vital to extract meaningful and reliable results.

The analysis will now focus on results obtained with

Sample B. Under these test conditions, the system based

on one single subwoofer placed in the corner of the room

is deemed as worst. Moving the subwoofer to the center

appears to improve the perceived quality as do the FB and

OPOC systems although the z score does not reach the

minimum level for a statistically significant result. This

level is, however, reached when the single sub systems are

equalized. In this case the perceived difference leads to a z

Table 4. Low frequency decay times, in seconds, calculated in
third-octave bands for all systems tested.

System Name 40 50 63 80 100 125

corner 0.80 0.80 0.78 0.72 0.41 0.43
center 0.78 0.78 0.78 0.55 0.32 0.25
cornerEQ 1.42 1.33 0.64 0.49 0.35 0.48
centerEQ 0.52 0.69 0.89 0.74 0.61 0.47
FB 0.79 0.80 0.80 0.65 0.31 0.24
OPOC 1.07 0.87 0.82 0.68 0.44 0.32
SSS 0.38 0.52 0.40 0.39 0.30 0.22
CABS 0.32 0.21 0.37 0.40 0.32 0.31

score above 1.96 suggesting the perceived improvement in

quality is indeed significant. The SSS and C.A.B.S. systems

achieve a z score above 2.58, a highly significant score,

suggesting that, according to our panel, these are considered

the best quality systems. Another interesting outcome is that

Table 3. System Details. Excitation coupling is shown for room dimensions x and y. All systems have subwoofers placed on the
floor where modal coupling to z modes is strong; except for C.A.B.S. where subwoofers are placed at mid height thus coupling
weakly to all odd order z modes. Listener position is in the absolute center of the room (Lx/2,Ly/2) at a height of 1.2m, coupling

weakly to all odd order modes.

Coupling in y
System Name Control Method Subwoofer Coordinates Coupling in x dimension dimension

corner single subwoofer s1: 0.2, 0.2, 0.2 all n=strong all n=strong
center single subwoofer and positioning s1: 2.9, 0.2, 0.2 odd n=weak even

n=strong
all n=strong

cornerEQ single subwoofer and magnitude
EQ

s1: 0.2, 0.2, 0.2 all n=strong all n=strong

centerEQ single subwoofer and positioning
with magnitude EQ

s1: 2.9, 0.2, 0.2 odd n=weak even
n=strong

all n=strong

FB dual subwoofers in phase s1: 2.9, 0.2, 0.2 s2: 2.9, 6.4, 0.2 odd n=weak even
n=strong

odd n=weak even
n=strong

OPOC dual subwoofers in opposite
corners and inversed polarity

s1: 0.2, 0.2, 0.2 s2: 5.6, 6.4, 0.2 odd n=strong even
n=weak

odd n=strong even
n=weak

SSS dual subwoofers, source-to-sink s1: 2.9, 0.2, 0.2 s2: 2.9, 6.4, 0.2 odd n=weak even
n=strong

see section 2.7

CABS quad subwoofers, source-to-sink,
positioning and DSP

s1: 1.45, 0.2, 1.4 s2: 4.35, 0.2,
1.4 s3: 1.45, 6.4, 1.4 s4: 4.35,
6.4, 1.4

see section 2.5
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the process of applying simple magnitude equalization to

the single subwoofer systems improves perceived quality

significantly, particularly when applied to “worst” systems

(i.e.. the corner subwoofer).

3 DISCUSSION

In general, there are three tiers of perceived performance

established by these results:

1. The configurations associated with the highest qual-

ity are based on active removal of energy for the

room (i.e., C.A.B.S. and SSS). These are also the

most expensive to implement since they require, at

least, two subwoofers and a digital signal processing

unit. If multiple subwoofers are available, the results

obtained here suggest that their most cost effective

use is through the application of a simple “source-

to-sink” method.

2. The use of simple magnitude equalization improves a

poor response significantly and should be attempted

when repositioning of loudspeakers is not possible.

Reasonable reproduction quality, and a noticeable

improvement over a poor response, may also be ob-

tained by simple repositioning of subwoofers. This

should preferably be underpinned by basic knowl-

edge of modal theory in small rooms where partic-

ular coupling or otherwise to certain modeshapes is

attempted. Nevertheless, reliance on techniques that

prescribe precise positioning of subwoofers and lis-

teners to avoid modal excitation, such as the OPOC

example presented here, are likely to fail due to the

unavoidable deviations that occur between theoreti-

cal predictions and their real implementation in the

physical space.

3. The worst that can be done is to disregard any thought

to loudspeaker placement (and listening position).

Most likely this will result in a poor low frequency

reproduction quality, particularly if the loudspeaker

is placed at or near the room corners.

4 CONCLUSIONS

A rigorous scientific experiment has been conducted to

evaluate the perceived quality of eight low frequency repro-

duction systems where some of the systems incorporated

simple methods to control the unwanted effects of room

modes in a standard listening room.

One factor under test was the significance of the na-

ture of music samples used to test for attributes relevant to

low frequency reproduction quality. It has been shown that

the musical character of the music sample is significant in

enabling accurate judgment of modal artifacts. Under the

test conditions presented here, a music sample with suffi-

cient low frequency content, enough temporal gaps between

notes and a degree of transient and sustained sound supports

significant perceptual results. It is granted that rooms and

systems are designed to listen to any type of music. How-

ever, it is clear that for valid and revealing subjective testing,

particularly if music samples rather than test signals are to

be used, carefully selected test musical stimuli are required.

A strong correlation has been demonstrated between the

perceived improvement in reproduction quality and the de-

cay times of low frequency energy in the room. This is in

line with previous research into aspects of modal percep-

tion [7, 9, 12] and corroborates the previous suggestions that

modal control methods that are based on direct reduction

of modal decays are more likely to achieve a perceptually

efficient outcome.

The two systems that achieve decay times below the

thresholds identified by Avis et al. [9] are the only ones

scoring a highly significant result. It is interesting to note

that significant differences between these two systems are

not evident, suggesting that once the decays have been con-

trolled to levels below the perceptual threshold, no further

treatment might be deemed as effective. The practical im-

plication of this result is that cost savings can be made by

targeting thresholds that are based on room response decay

times.

One very clear result is that one single subwoofer po-

sitioned in the corner of the room, with no equalization,

is not advisable. Simple control steps such as moving the

subwoofer toward nodal lines of offending modeshapes or

applying magnitude equalization will improve reproduction

quality noticeably.

Interestingly, perceptual improvements afforded by po-

sition control, multiple subwoofers, or magnitude equal-

ization are in general associated with a reduction of decay

times for parts of the frequency but may involve a conse-

quent increase in others. This is an interesting result that

raises the question of which regions, within the frequency

range under study, are more likely to be associated with the

largest perceptual improvements when acted upon. This is

a topic of current study for the authors.

In contrast to modal decay reductions, a significant per-

ceptual improvement resulting from the direct reduction of

frequency response variation is not always evident.

In conclusion, the results obtained show the benefits af-

forded by simple modal control methods from a subjective

standpoint. It appears that, for high quality critical listen-

ing conditions, those systems ensuring a faster decay of

low frequency energy are preferred over those attempting

a direct “flattening” of the magnitude frequency response.

These results are generally not surprising, they rather pro-

vide the evidence, based on perceptual data, to support the

existing good practice in industry.

REFERENCES

[1] H. Bolt Richard, “Frequency Distribution of Eigen-

tones in a Three-Dimensional Continuum,” J. Acoust. Soc.

Am., 10(3): 228–234 (1939).

[2] R. Schroeder Manfred, “The ‘Schroeder Frequency’

Revisited,” J. Acoust. Soc. Am., 99(5): 3240–3241 (May

1996).

[3] M. M. Louden, “Dimension Ratios of Rectangular

Rooms with Good Distribution of Eigentones,” Acustica,

24(5): 101–04 (1971).

J. Audio Eng. Soc., Vol. 60, No. 5, 2012 May 347



FAZENDA ET AL. PAPERS

[4] R. Walker, “Optimum Dimension Ratios for Studios,

Control Rooms and Listening Rooms,” Technical Report

BBC Research and Development Report RD1993/8.

[5] O. J. Bonello, “A New Criterion for the Distribution

of Normal Room Modes,” J. Audio Eng. Soc, 19: 597–606,

Sept. 1981.

[6] R. Bucklein. “The Audibility of Frequency Response

Irregularities”. J. Audio Eng. Soc, vol. 29 pp. 126–131 (1981

Mar).

[7] S. E. Olive, P. L. Schuck, J. G. Ryan, S. L. Sally,

and M. E. Bonneville, “The Detection Thresholds of Res-

onances at Low Frequencies,” J. Audio Eng. Soc, vol. 45,

pp. 116–127 (1997 Mar.).

[8] T. J. Cox, P. D’Antonio, and M. R. Avis, “Room

Sizing and Optimization at Low Frequencies,” J. Audio

Eng. Soc, vol. 52, pp. 640–651 (2004 Jun.).

[9] M. R. Avis, B. M. Fazenda, and W. J. Davies,

“Thresholds of Detection for Changes to the Q-Factor of

Low Frequency Modes in Listening Environments,” J. Au-

dio Eng. Soc, vol. 55, pp. 611–622 (2007 Jul./Aug.).

[10] Goldberg, “A Listening Test System for Measuring

the Threshold of Audibility of Temporal Decays,” Proc.

Inst. Acoust., 27(5) (2005).

[11] M. Karjalainen, P. Antsalo, A. Makivirta, and

V. Valimaki, “Perception of Temporal Decay of Low-

Frequency Room Modes,” presented at the 116th Conven-

tion of the Audio Engineering Society (2004 May), conven-

tion paper 6083.

[12] B Fazenda, M. R. Avis, and W. J. Davies, “Per-

ception of Modal Distribution Metrics in Critical Listening

Spaces—Dependence on Room Aspect Ratios,” J. Audio

Eng. Soc, vol. 53, pp. 1128–1141 (2005 Dec.).

[13] T. Welti and A. Devantier, “Low-Frequency Opti-

mization Using Multiple Subwoofers,” J. Audio Eng. Soc,

vol. 54, p. 347 (2006 May).

[14] A. Makivirta, P. Antsalo, M. Karjalainen, and V.

Valimaki, “Modal Equalization of Loudspeaker-Room Re-

sponses at Low Frequencies,” J. Audio Eng. Soc, vol. 51,

pp. 324–343 (2003 May).

[15] A. J. Hill and M. O. J. Hawksford, “Wide-Area Psy-

choacoustic Correction for Problematic Room-Modes Us-

ing Nonlinear Bass Synthesis,” J. Audio Eng. Soc, vol. 59,

pp. 825–835 (2011 Nov.).

[16] P. Antsalo, M. Karjalainen, A. Makivirta, and V.

Valimaki, “Comparison of Modal Equalizer Design Meth-

ods,” presented at the 114th Convention of the Audio Engi-

neering Society (2003 Mar.), convention paper 5844.

[17] S. E. Olive, J. Jackson, A. Devantier, and D. Hunt,

“The Subjective and Objective Evaluation of Room Cor-

rection Products,” presented at the 127th Convention of the

Audio Engineering Society (2009 Oct.), convention paper

7960.

[18] L. L. Thurstone, “A Law of Comparative Judg-

ment,” Psychological Review, 34(4): 273–286 (1927).

[19] S. Bech and N. Zacharov. The Perceptual Audio

Evaluation: Theory, Method and Application (WileyBlack-

well, 2006).

[20] International Telecommunication Union. “ITU-

BS.1116 - Method for the Subjective Assessment of Small

Impairments in Audio Systems including Multichannel

Sound Systems,” Technical report, Geneva, Switzerland

(1994).

[21] International Electrotechnical Commission,

“IEC.60268-13,BS.6840-13 - Sound System Equipment

- Part 13: Listening Tests on Loudspeakers,” Technical

report, Geneva, Switzerland (1998).

[22] IK Multimedia, Advanced Room Correction Sys-

tem, July 29th 2011. URL http://www.ikmultimedia.com/

arc/features/.

[23] S. Bech. “Perception of Timbre of Reproduced

Sound in Small Rooms: Influence of Room and Loud-

speaker Position,” J. Audio Eng. Soc., vol. 42, pp. 999–1007

(1994 Dec.).

[24] A. Celestinos and S. Nielsen, “Controlled Acous-

tic Bass System (CABS)—A Method to Achieve Uniform

Sound Field Distribution at Low Frequencies in Rectangu-

lar Rooms,” J. Audio Eng. Soc., vol. 56, pp. 915–931 (2008

Nov.).

[25] A. Makivirta and A. Varla, Sound Reproduc-

tion Equipment and Method for Reducing the Level

of Acoustical Reflections in a Room - United States

Patent 6795557, application: 2000, published: 2004. URL-

http://patent.ipexl.com/US/6795557.html.

[26] M. Wolff A. Goertz and L. Naumann, “Optimierung

der Wiedergabe von Surround Lautsprecheranordnungen

in Tonstudios und Abhorraumen”, Tonmeistertagung,

22, English translation available at http://forums.

klipsch.com/forums/storage/8/1485263/tmt2002 eng.pdf,

2001.

[27] M. R. Wankling, B. M. Fazenda, and

W. J. Davies, “The Assessment of Low Frequency

Room Acoustic Parameters using Descriptive Analy-

sis,” J. Audio Eng. Soc., vol. 60, pp. 325–337 (2012

May).

348 J. Audio Eng. Soc., Vol. 60, No. 5, 2012 May



PAPERS SUBJECTIVE PREFERENCE OF MODAL CONTROL SYSTEMS

THE AUTHORS

Bruno Fazenda Matthew Wankling Jonathan Hargreaves Lucy Elmer

Jonathan Hirst

Bruno Fazenda received a B.Sc. (1st Hons.) degree in
audio technology in 1999 and a Ph.D. degree in 2004 for
his thesis on the perception of room modes, both from
the University of Salford, UK. He worked for a short
while as a Research Fellow with a Marie Curie research
fellowship at the Danish Technical University before be-
coming a lecturer at the Universities of Glamorgan and
then Huddersfield. He now lectures in the acoustics and
audio area at the University of Salford. His research inter-
ests span from room acoustics, particularly the perception
in critical listening spaces, to sound quality, condition
monitoring, and archaeo-acoustics. He is a member of the
Audio Engineering Society.

!

Matthew Wankling was born in Coventry, England, in
1983 and graduated from the University of Huddersfield
in 2006 with a B.Sc. (Hons) in music technology and au-
dio systems. He received a Certificate in Biblical Studies
with distinction at Covenant School of Ministries, Cardiff
in 2007. Matthew has recently submitted a doctoral the-
sis with the University of Salford’s Acoustics Research
Centre. His work focuses on building a greater understand-
ing of our perception of low frequency sound fields. Since
2011 he has worked at the BBC developing next generation
television applications.

!

Jonathan Hargreaves was awarded an M.Sc. in engineer-
ing and computing science from the University of Oxford
in 2000 and a Ph.D. from the University of Salford in
2007, where he remains as a post-doctoral research and
teaching fellow. The title of his Ph.D. thesis was “Time

Domain Boundary Element Methods for Room Acoustics”
and this remains one of his active research areas. In ad-
dition to this he has significant experience of sound rein-
forcement technology and has undertaken projects devel-
oping improved auralization and room equalization tech-
niques. Dr. Hargreaves has had the pleasure of being in-
volved in a wide variety of public engagement activi-
ties, including a number of TV appearances and is pas-
sionate about performing, engineering, and enjoying live
music.

!

Lucy Elmer became interested in music technology and
audio while studying A Level music technology at Nelson
and Colne College, in Lancashire. She graduated with a
BA in popular music production from the University of
Huddersfield in 2009 and is now studying for a Masters by
Research in the Acoustics Research Centre at the Univer-
sity of Salford. She currently works as a theater technician
and in her spare time enjoys outdoor pursuits and watching
live music.

!

Jonathan Hirst worked as a live and sometimes studio
sound engineer for 15 years, before joining the Univer-
sity of Salford in 1996 as an undergraduate, enrolling on
the B.Sc. (Hons) in audio technology. Since graduating in
1999, he studied toward a Ph.D. in the research area of
spatial audio. More specifically, he investigated objective
methods of assessing the spatial capabilities of surround
sound systems as well as developing spatializing tech-
niques for multichannel musical synthesis. He was awarded
a Ph.D. degree in 2006.

J. Audio Eng. Soc., Vol. 60, No. 5, 2012 May 349


