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ABSTRACT

Modal equalization has recently been of research interest in order to improve sound reproduction in rooms
that have excessively strong modes at low frequencies. Instead of acoustic treatment by expensive and
space-reserving absorbing structures, modal equalization is based on DSP affecting the electric-to-acoustic
reproduction chain. Several DSP-based techniques for modal equalization have been proposed recently and
tested in performance. From a perceptual point of view, however, no clear picture on the importance of con-
trolled temporal decay has been shown, although it is known that towards the lowest frequencies the human
hearing becomes increasingly insensitive to temporal details. In the present study we conducted listening
tests where only a single synthetic mode with increased decay time but magnitude-equalized response was
used to find the JND threshold of excessive decay time. The main conclusion is that at typical listening
levels and down to 100 Hz the modal decay time T§g is allowed to increase from about 0.3 seconds by 0.1 to
0.4 seconds, while at 50 Hz even decay times of up to two seconds do not make a noticeable difference.
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1. INTRODUCTION

Improvement of sound reproduction in a room at low
frequencies has recently drawn research interest from
a new point of view that is based on signal process-
ing rather than on acoustic treatment of the room.
Careful control of low-frequency modal behavior in
a room can become impractical or very expensive
to implement because the physical size and cost of
necessary absorbers increases rapidly with decreas-
ing frequency. In contrast to this, active control by
DSP becomes feasible as the wavelengths become
long and the sound field develops less diffuse [1]-[5].
Methods to optimize the response at a listening posi-
tion by selecting suitable loudspeaker locations have
been proposed [6] but cannot fully solve the prob-
lem. Because of these reasons, there has been an
increasing interest in active methods of sound field
control at low frequencies.

Modal resonances in a room can become audible as
timbre changes because they modify the magnitude
response of the primary sound or, when the primary
sound ends, because they are no longer masked [7, 8].
The ability to detect a modal resonance appears to
be very dependent on the signal content. Olive et
al. report that for mid and high frequencies low-Q
resonances are more readily audible with continu-
ous signals containing a broad frequency spectrum
while high-Q resonances become more audible with
transient discontinuous signals [8]. They also report
detection thresholds for resonances for both contin-
uous broadband sound and transient discontinuous
sound.

At low Q values, antiresonances (notches) are as au-
dible as resonances. Audibility of antiresonances re-
duces dramatically for wideband continuous signals
as the Q value becomes high [8]. Detectability of
resonances reduces by approximately 3 dB for each
doubling of the Q value [7, 8] and low @Q resonances
are more readily heard with zero or minimal time
delay relative to the direct sound [7]. Duration of
the reverberant decay in itself appears an unreliable
indicator of the audibility of the resonance [7] as au-
dibility seems to be more determined by frequency
domain characteristics of the resonance. While this
fact is the basis of classical studies, the ideas of
modal equalization emphasize the combined time-
frequency viewpoint in considering responses of au-
dio reproduction systems.

Several methods have been proposed for DSP-based
modal equalization and for the estimation of modal
parameters for the modification of the rate of modal
decay [9]-[16]. Much less is done to compare
their performance from objective or subjective view-
points. In a recent study we tried it [18] and
found some objective differences in modal param-
eter estimation techniques which might favor AR
and ARMA estimation techniques (called ARMA
in [18]) over non-parametric time-frequency tech-
niques (called AMK in [18]), particularly for cases
with closely-in-frequency spaced modes that need
correction. In subjective listening comparison, how-
ever, we failed to show clear improvement by any
modal equalization against magnitude-only equal-
ization. Recently, a new modal equalization tech-
nique was proposed in [16], with improved ability
to control the temporal decay details of system re-
sponses, but it has not so far been compared against
any other method.

Based on these experiences and lack of understand-
ing of the underlying perceptual phenomena at low
frequences, we decided to approach the problem
from a very elementary experimental setting. If
there is only a single mode with excessively long de-
cay time but magnitude being equalized, what is the
just noticeable increase of the decay time over other-
wise uniform decay /reverberation time that can be
noticed? Before describing the experiment and pre-
senting the results, a short overview of modal equal-
ization methodology is given.

2. OVERVIEW OF MODAL EQUALIZATION

We define the modal equalization as a process that
modifies the rate of modal decay. A modal resonance
is represented in the z-domain transfer function as a
pole pair with pole radius r and pole angle ¢

1
(1—reifz=1)(1 —re-ifz=1) (1)

Hu(z) =

To shorten the decay time the Q) value of the res-
onance must be decreased by moving the pole pair
closer to the origin. Each mode is modeled by an
exponential decay function

h(t) = Ame™ ™" sin(wmt + ¢m) (2)

where Ay, is the initial envelope amplitude of the
decaying sinusoid, 7, is a coefficient that denotes
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Fig. 1: A basic set-up for modal equalization.

the decay rate, wy, is the angular frequency of the
mode, and ¢, 1s the initial phase of the oscillation.

One method of implementing modal equalization is
to modify the audio signal fed into a loudspeaker
(Fig. 1). The total transfer function from the sound
radiator to the listening position represented in z-

(3)

where ((z) is the transfer function of the sound ra-

domain 1s

H(z) = G(2) Hm(2)

diator from the electrical input to acoustical output
and Hp(z) is the transfer function of the path from
the sound radiator to the listening position.

The task in modal equalization is to design a correc-
tion filter H.(z) in Fig. 1 so that the decay rate my,
of a given mode is changed to yield a desired (short-
ened) decay time. If we assume that the loudspeaker
response (G(z) does not contribute essentially to the
decay time, the modal correction filter is a cascaded

filter

(2) (1—rel®z71) (1 —reif271)
Hem(z) = : :
’ (1 —rqed®z=1)(1 — rqe=7z-1)

(4)

where the numerator cancels out the original mode
and the denominator creates a replacing mode with
desired decay rate, controlled by pole radius rq.

Modal equalization 1s applicable in practice at fre-
quencies below 200 Hz and within a restricted listen-
ing area. The main techniques to estimate the modal
parameters for correction are discussed in detail in
[10]. A short characterization is as follows.

2.1. Decay estimation by time-frequency analysis

Short-time spectral analysis is often used to find the
decay rate of 1solated modes in a way resembling the
analysis of reverberation time [13]. Modal frequen-
cies are found as peaks in the power spectrum of a
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Fig. 2: Waterfall plot of five synthetic modes.
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Fig. 3: Waterfall plot of five synthetic modes after
modal equalization.

measured impulse response. Figure 2 shows a wa-
terfall plot of a response with five synthetic modes.
The decay time can be obtained by fitting a line to
the temporal evolution of a modal spectrum peak as
represented on a dB scale.

Problems with this approach (called AMK in [18])
appear when two or more modes are close in fre-
quency, as can be seen around 50 Hz in Fig. 2. Fig-
ure 3 plots a case where this response is equalized
to yield shorter decay times of the modes. Due to
errors in modal parameter estimation the correction
around 50 Hz works only for the early decay.

2.2. ARMA analysis of modal parameters
The second method (called ARMA in [18]) identi-

fies the pole pairs describing modal resonances by
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Fig. 4: Experiment setup in the HUT listening test
room.

fitting a pole-zero least-squares model directly to a
measured room impulse response. Pole pairs can be
searched for iteratively, by finding the pair with the
longest decay time and removing it from the mea-
sured response, and then repeating this iteratively.

A variant of ARMA estimation is studied in [11]
and [12] whereby the frequency range of interest is
scanned through in subbands in order to improve
frequency resolution and robustness of finding poles
closely spaced in frequency.

2.3. Non-parametric modal equalization

In [16] we have proposed a new method to modify
in detail the temporal properties of a given impulse
response. While the two methods mentioned above
were based on the estimation of isolated modes and
their parameters, the new method is a technique to
change the time-domain response more directly. It
is an advanced windowing technique where the tem-
poral shaping of a given impulse response can be
carried out in a frequency-dependent manner.

3. LISTENING TEST FOR PERCEPTION OF
SINGLE EXCESSIVE MODE DECAY

Subjective tests carried out in our previous study
[18] did not provide results that could be used as
guidelines for human perception of low-frequency
modal decay at low frequencies. Thus we decided to
try a more analytic experiment with simple and well
controlled responses. The simplest case, which actu-
ally can appear also in practice, is a single mode with
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Fig. 5: Magnitude response in the listening position.

excessively long decay time but the response other-
wise having a relatively uniform decay /reverberation
time.

Such a case can be created for a listening experi-
ment by adding a synthetic mode to a real room re-
sponse. There i1s a perfect mode-corrected reference
available then: the room response itself! When a
synthetic mode is added, the result can be equalized
with different methods for A /B-comparison.

3.1.

Experiment setup

The test requires a room with good modal behav-
ior, such as a carefully realized listening room. We
decided to use the listening test room of the HUT
Laboratory of Acoustics and Audio Signal Process-
ing, which 1s designed for multichannel reproduction
(ITU-R BS.1116) with dimensions 6.25m x 5.66m x
2.95m [19]. The magnitude response of the room was
measured with the setup of Fig. 4 to several points,
and the microphone point shown was selected as the
listening point (x = 413 cm, y = 135 c¢cm) having a
relatively flat magnitude response below 200 Hz, as
shown in Fig. 5. Loudspeaker (Genelec 1032A) was
elevated 41 cm from the floor and the listener’s ear
was assumed to be 92 cm from the floor.

The reverberation/decay time of the room was esti-
mated at low frequencies from a measured impulse
response by the Lundeby method [20] obtaining val-
ues shown in Table 1. (Shorter times were given at
100 and 200 Hz in the original documentation of the
listening room.)
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Table 1: Reverberation/decay time of the listening
room as a function of frequency.

50
0.5

100
0.43

200
0.43

400
0.26

800
0.28

F/Hz
T60/8

3.2

Listening test

The listening test was organized so that the test
subject was sitting on a chair in the listening room
as pointed by Fig. 4. Test samples were played
through the GuineaPig2 (GP2) listening test soft-
ware [21, 22]. Instructions and information from
GP2 to guide the test subject were projected to the
room wall by a video projector, and the subject re-
sponded by a computer mouse.

The task given to the subjects was to compare a
reference sound sample which did not include any
synthetic mode against a test sound sample that may
or may not include a synthetic mode. Samples were
magnitude equalized so that the difference, if any,
was primarily due to the temporal decay in the cases
of added synthetic mode.

Sound samples were preprocessed by Matlab scripts.
The synthetic mode, which was a cascaded biquad
filter (pole pair plus zero pair), was varied in reso-
nance frequency and related decay time. Discrete
frequencies 50, 100, 200, 400, and 800 Hz were
selected as the center frequencies of the synthetic
mode, thus covering also mid frequencies. The de-
cay time was varied for the 50 Hz mode between 0.5
and 1.9 seconds by steps of 0.2 seconds. For the
other modal frequencies the range of decay varia-
tion was scaled according to the mean value of the
reverberation/decay time of the room for the modal
frequency. So for example in the case of the 800 Hz
mode the decay time was varied between 0.28 and
1.06 seconds by steps of 0.11 seconds.

Both the original response and the one with a syn-
thetic mode were magnitude equalized in the follow-
ing way. First the magnitude responses were 1/3-
octave smoothed. Then an FIR equalizer with lowest
order to fit within £ 3 dB to the smoothed response
was designed by the Remez algorithm in Matlab.
The equalizer was applied to obtain the magnitude-
equalized response. This process has only a minor
effect on long decay times.
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Fig. 6: Example of fitting the S-curve function to
test response data (@ = 4.0).

Finally, the magnitude-equalized responses were
used to convolve with test signals to yield the sam-
ples to be playd to the subject. The test signals
contained the following cases:

1. Short sample of male speech in German
2. Burst of bandpass noise (20-200 Hz), 0.5 s
3. Drum hit sound repeated twice

4. Short excerpt of rock music (medium heavy)

The subjects were listening to randomized pairs of
sample set 1-4. They had a possibility to listen to
the samples of a pair as many times they wished.
Then they had to give a rating about the perceived
difference on a b-point scale:

1. = “no” (no difference)

2. = “maybe no”

3. = “can’t say”

4. = “maybe yes”

5. = “yes” (clear difference)

There were total of 50 pairs in randomized order.
Eleven subjects with normal hearing attended the
test. The subjects had a little training period and
they were told that some pairs consist of identical
samples, encouraging them to respond “no” when
they really did not hear any difference. Sound level
was set to approximately 75-80 dB.

4. LISTENING TEST RESULTS

It can be expected that the ratings in noticing a
difference will make an S-type curve as a function
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of decay time index. Such a curve can be approx-
imated by a properly scaled and shifted function
y = arctan(z) as characterized in Fig. 6. More
specifically, we fitted the function
4

flz)= - arctan(b(z —a)) + 3 (5)
to the data so that the mean square error between
response data and the function was minimized for
parameters a and b. Here a is the shift and b 1s the
scaling in the z-axis direction for an optimal fit. For

the mid-point of the transition function, assumed to
be symmetric, it holds

fla) =3 (6)

We defined this value as the threshold of noticeable
difference. The steepness parameter b was of less
interest here.

Figure 7 plots the results of data analysis. The curve
fitting was first applied to each listener and each
modal frequency data, yielding individual thresh-
olds of difference noticeability in the form of decay
time indices for each modal frequency. The indices
were then mapped to decay times. The JND thresh-
olds of modal decay time of the synthetic mode vs.
no synthetic mode are plotted by dots in Fig. 7,
each dot being a single listener data point in the
test. The solid line denotes the average over sub-
jects and the dashed line the corresponding median
value. The lower dotted line shows the estimate of
decay /reverberation time of the room itself and the
upper dotted line shows the maximum synthetic de-
cay time used in the test.

From comparing the average or the median curve
against the lower dotted curve in Fig. 7 we find that
the JND threshold of excess value for single-mode
decay-time remains quite constant (0.2-0.3 seconds)
down to 100 Hz, maybe showing a slight increase
down in frequency. Below 100 Hz the value explodes
so that at 50 Hz in these listening conditions the sub-
jects could not notice systematically any difference
within the given samples even for a synthetic mode
decay time of almost two seconds'. Recall that the

IThe reason why curves at 50 Hz explode beyond the range
of decay time used in stimuli is that the curve fitting extrapo-
lates to very large values when subjects respond ‘no’ to almost
all decay cases.
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Fig. 7: Listening test results for the noticeability of
single mode excess decay time. X-axis: frequency
of the synthetic mode; Y-axis: modal decay time.
Dots are data points for 11 test subjects. Solid line:
average over subject data points. Dashed line: me-
dian over subject data points. Lower dotted line:
decay /reverberation time of the room. Upper dot-
ted line: maximum decay time of synthetic mode
used in the test.

responses to be compared were magnitude equalized
as described above. Without such equalization the
difference can be noticed much more easily, which in-
dicates the obvious fact that the frequency domain
properties of responses are prominent over the time
domain properties.

5. DISCUSSION AND CONCLUSIONS

The experiment shows clearly that the human au-
ditory perception of temporal details in the given
conditions degrades rapidly below 100 Hz. Such ten-
dency may be slightly noticeable already from mid
frequencies to 100 Hz. It can be concluded that
down to about 100 Hz the temporal properties of
modal decay are somewhat critical. This means that
while it is of primary importance to perform magni-
tude equalization, also excessively long decay times
should be corrected acoustically or by modal equal-
ization techniques. Below 100 Hz, particularly at
or below 50 Hz even very long decays, up to 2 sec-
onds and above, may not be noticeable as far as the
magnitude response is equalized well enough. This
makes it questionable if modal equalization is worth
of applying at the very lowest frequencies except in
extreme cases.
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An explanation to this frequency-dependent tempo-
ral resolution of the human auditory system can be
searched for from several known phenomena. First,
if we assume that the frequency resolution follows
the ERB (equivalent rectangular bandwidth) scale
[23], i.e., auditory analysis bandwith narrows for
decreasing frequencies down to and below 100 Hgz,
then the corresponding auditory temporal resolu-
tion must get worse due to the time-frequency uncer-
tainty principle. Secondly, the equal loudness curves
[24] get denser (in dB) at low frequencies, which
makes a slow decay correspond to a faster decay at
higher frequencies. One may also consider that the
auditory system learns to be less critical at low fre-
quencies where the modal behavior in different po-
sitions of a room can vary more than at mid-to-high
frequencies.

The experiment carried out in this study has to be
taken as a tentative one, calling for more thorough
investigations. Among remaining questions are for
example how the basis level of reverberation/decay
time of a room affects the JND of excessive decay
time for a single mode, how a group of such modes
is perceived, and how the listening level affects the
perception (one may guess that increased level could
make long decays more easily noticeable). A fur-
ther questions is how binaural listening conditions
with interaural difference may effect the perception.
A set of carefully conducted listening experiments
could throw light upon these questions. Finally, if
the results of such experiments are consistent, a com-
putational auditory model could be devised that 1s
able to predict the noticeability of time-frequency
degradations in low-frequency audio reproduction.
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