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ABSTRACT

Loudspeaker impulse responses were studied using a paired-comparison listening test to learn about the audibility
of the loudspeaker group-delay characteristics. Several modeled and six measured loudspeakers were included in
this study. The impulse responses and their time-reversed versions were used in order to maximize the change in
the temporal structure and group delay without affecting the magnitude spectrum, and the subjects were asked
whether they could hear a difference. Additionally, the same impulse responses were compared after convolving
them with a pink impulse, defined in this paper, which causes a low-frequency emphasis. The results give an idea
of how much the group delay of a loudspeaker system can vary so that it is unlikely to cause audible effects in
sound reproduction. Our results suggest that when the group delay in the frequency range from 300 Hz to 1 kHz is
below 1.0 ms, it is inaudible. With low-frequency emphasis, the group delay variations can be heard more easily.

1 Introduction

In order not to change the nature of the electronic in-
put waveforms in transforming them to output pres-
sure variations of a loudspeaker, a constant gain across
the audio frequency band as well as a constant input-
to-output latency is required. While several methods
exist for magnitude equalization [1, 2], delay equal-
ization for creating constant-latency system responses
use filters to create symmetrical system impulse re-
sponses at least within the most critical audible fre-
quency range. An FIR filter or a collection of IIR all-
pass filters can be used to equalize in the time domain
traditional minimum-phase systems.

A constant-latency system response has a symmetrical
impulse response with the same of amount of energy be-
fore and after the largest peak in the impulse response.
Increasing the order of such a system, for example with

the aim to reduce the delay variation or in order to in-
crease the crossover filter roll-off rate, tends to increase
the length of the system impulse response. This has
lead to discussions about the effect called “pre-echo”
with speculation that parts of the impulse response,
starting very early before the largest peak, might be-
come audible as a separate auditory event apart from
the main system response, and therefore constitute a
change in the character of a loudspeaker.

The human auditory system presents some masking
before and after an auditory event [3]. The premasking,
i.e. the masking occurring before the auditory event, is
particularly relevant when discussing the potential for
a pre-echo. Unfortunately, while premasking is known
to exist, data available on the level of premasking as a
function of time is not very exact, and different sources
do not agree on the level and extent of premasking
[4, 3].
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A constant-latency design or time-domain equalization
can reduce the delay variation within a given frequency
range down to a constant delay at any required accuracy.
The relevant goal for the design of such an equalizer is
to limit the delay variations so that they stay below the
just-audible limit. Furthermore, the related increase in
the time extent and level of the early parts of a system
impulse response should be limited sufficiently such
that they remain inaudible due to premasking in order
to ensure absence of any pre-echo.

This paper investigates the audibility of loudspeaker
group-delay characteristics, i.e. the length of the loud-
speaker impulse response, by using original and time-
reversed signals in a listening test. Previously, Lipshitz
et al. studied the audibility of midrange phase distor-
tions [5]. They used both headphones and loudspeak-
ers to reproduce artificial and recorded sounds with
and without allpass equalization. Similarly, Flanagan
et al. performed listening tests with headphones and
loudspeakers in order to discover the threshold for per-
ceiving group-delay distortion in click-like signals [6].
Also, listening tests have been conducted to determine
the audibility of phase equalization in loudspeakers
by Greenfield et al. [7]. They used a minimum-phase
equalizer to correct the magnitude response of the loud-
speaker, after which the excess-phase component was
equalized with a phase equalizer in order to achieve
linear-phase. Test subjects listened to a stereo pair of
loudspeakers with and without the equalization and
gave informal comments on the sonic impression.

Krauss studied the audibility of group-delay distortion
caused by crossover networks with headphones [8].
The group delay of the crossover networks was simu-
lated with allpass filters, and tone bursts were compared
with and without equalization. On the other hand, Kar-
jalainen et al. studied the audibility of the loudspeaker
group delay in an informal test [1]. They used digital
allpass filters in order to produce group-delay distor-
tions, and listening test subjects compared signals with
and without the phase equalization with each other.
Time-reversed signals have been used previously by
Kulkarni et al. in listening tests related to head-related
transfer functions (HRTF) [9]. They studied the sen-
sitivity of human hearing on the HRTF phase spectra,
and the time reversal produced the maximum phase
difference while simultaneously keeping the magnitude
response unchanged.

This paper is organized in the following way. Section 2
briefly discusses previous perceptual studies on short

signals, and especially on temporal masking. Section 3
explains the listening test conducted in this study, and
defines the pink impulse, which is used for emphasizing
low and mid frequencies in the listening test. Section 4
presents the results of the listening test. These results
are further discussed and analyzed in Section 5. Section
6 concludes this work.

2 Temporal Masking

Temporal masking refers to a masker sound partially or
completely hiding other sounds occurring either before
or after the masker [3]. The former phenomenon is
called pre-masking (or backward masking) and the lat-
ter post-masking (forward masking). Temporal mask-
ing differs from frequency masking, where the masker
and the masked sounds are present simultaneously.

Temporal masking has been studied with different types
of sound signals. Typical test signals have been clicks,
impulses, sinusoidal tones, tone bursts, and noises of
varying length and bandwidth. Clicks and impulses
try to minimize the signal length while creating a wide
spectrum [3]. Tone bursts shaped with a Gaussian
time window can have a short duration as well as a
narrow-band spectrum [3]. White noise can be used
in a situations in which a wide-band signal of a longer
duration is required.

First, the temporal masking caused by clicks is dis-
cussed. Raab studied the masking caused by acous-
tic clicks in 1961 [10]. He found that both forward
and backward masking occurred, and that the forward
masking was more prominent and longer lasting: the
duration for backward masking is approximately 15 ms
whereas for forward masking it can last even for 100 ms.
Both effects were also level dependent. Olive et al. also
had clicks in their study of reflection perception [11].
They found that vertical and lateral reflections caused
forward masking for at least 20 ms. However, at the
same time they remarked that the masking effect is
much greater when the two sounds arrive from the
same direction [11]. Sporer et al. used a measurement
system for perceptual audio coding to study forward
and backward masking [12]. In their study, backward
masking caused by clicks extends to approximately
20 ms and forward masking to approximately 110 ms.
The system models the temporal behavior of human
ears in an adequate way, and thus these masking results
are also valid for humans.
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Next, the masking properties of tones or tone bursts
are reviewed. In these situations, masking is dependent
on the frequencies in addition to the dependency on
the masker level and the time delay [13]. Fastl studied
both forward and backward masking of sine tones [14].
His results show that forward masking extends to over
100 ms, whereas backward masking is only relevant for
approximately 10 ms. Jesteadt et al. studied forward
masking caused by sine tones on sine tones [13]. They
found that forward masking is greater at low frequen-
cies, and that with all frequency combinations, notable
masking extends to less than 100 ms.

Finally, the masking effects of noise and noise bursts
are examined. Wilson et al. studied the masking caused
by white noise on clicks [15]. They were interested in
the additivity of masking. However, they also found the
amount of backward and forward masking: in their test
forward masking extends to over 150 ms whereas back-
ward masking reaches low levels already after approxi-
mately 20 ms. Dolan et al. studied backward masking
with noise masker and sinusoidal tones [4]. They found
that the masking decays more rapidly with increasing
tone frequency, and that the majority of the masking
occurs 5 ms or less before the masker. Fastl et al. dis-
covered the forward masking effect of white noise on
Gaussian pulses and test tone bursts [3]. In both cases
masking extends over 100 ms, but the amount of mask-
ing is higher in the former case. An important result
related to the masking caused by white noise was that
the amount of masking depends on the length of the
noise masker [3].

3 Listening-Test Procedure

In this work, listening tests have been conducted to find
whether hearing a difference between the loudspeaker
response and its modification, which has the same mag-
nitude response but a different group delay, is possible.
The modifications included time-reversed and group-
delay equalized versions of the responses. In addition
to the impulse responses themselves, filtered versions
of the responses were presented to the subjects. We dis-
cuss next the selection of the test signals, the proposed
filtering process, and the listening test arrangements.

3.1 Test Signals

The test signals for the conducted listening test were
loudspeaker impulse responses obtained either from

loudspeaker models or measurements. The models
were one-way or two-way models with varying param-
eters based on digital filters imitating the mechanical
low (50 Hz) and high frequency (20 kHz) cutoffs as
well as the possible crossover filters, as described in
detail in a companion paper [16]. In addition, an ex-
tended model for a three-way loudspeaker was used
based on the same principles as the other two mod-
els. The measured loudspeaker responses contained
six different high-quality two- and three-way models
from six different manufactures. The impulse response
measurements were performed using the MLSSA soft-
ware, which yielded the signal-to-noise ratio of approx-
imately 50 dB.

Finally, the listening test also contained cases in which
two sounds in a pair were identical and no difference
was supposed to be heard. Such cases were included to
test how reliable the subjects are. The specification of
each test signal is given in Table 1.

The parameters that were varied in the loudspeaker
models included the low cutoff frequency, the crossover
frequency or frequencies, crossover filter type, and the
group delay. The group delay was exaggerated in the
same cases using FIR filters with an almost allpass
response, i.e. the magnitude response was an allpass
response at the passband of the loudspeaker model, but
near the Nyquist limit the response was attenuated by a
raised cosine function similarly as in [17]. The phase
of the FIR filter was designed in a way that would result
in a doubled or tripled group-delay response in com-
parison to the original group delay of the loudspeaker
model.

3.2 Pink Impulse

The loudspeaker impulse responses themselves sound
like clicks. Since their spectrum is approximately flat,
apart from the highpass cutoff at low frequencies, they
tend to sound very bright. As the phase differences
appear mainly at low and mid frequencies, one idea
is to filter the impulse response to attenuate the high-
frequency content and to emphasize the lower frequen-
cies. There is a similarity here to the relation between
white and pink noise, as white noise sounds excessively
bright whereas pink noise sounds approximately flat,
since it contains a constant amount of sound energy per
octave.

AES 144th Convention, Milan, Italy, 2018 May 23 – 26
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Table 1: Specification of the test signals used.

Signal Description
Id Hidden reference, a pair of identical impulse responses

1Wa Impulse response of a 1-way loudspeaker model
1Wb 1-way model, higher low cutoff frequency (100 Hz)
2Wa 2-way model, crossover at 1 kHz
2Wb 2-way model, crossover at 2 kHz
2Wc 2-way model, crossover at 3 kHz
2Wd 2-way model, FIR crossover at 1 kHz
2We 2-way model, FIR crossover at 2 kHz
2Wf 2-way model, FIR crossover at 3 kHz
2Wg 2-way model, crossover at 1 kHz, doubled group delay
2Wh 2-way model, crossover at 3 kHz, doubled group delay
3Wa 3-way model, crossovers at 0.5 and 3 kHz
3Wb 3-way model, crossovers at 0.8 and 5 kHz
3Wc 3-way model, crossovers at 0.5 and 3 kHz, doubled group delay
3Wd 3-way model, crossovers at 0.5 and 3 kHz, tripled group delay

LS1–LS6 Measured loudspeaker impulse responses

Motivated by the relation between the white and pink
noise, we propose to define a pink impulse and con-
volve all loudspeaker impulses with it before listening.
The pink impulse was previously used to test artificial
reverberation algorithms [18]. We define the pink im-
pulse as a zero-phase (linear-phase) signal having the
following spectrum:

H(ω) =
1√
ω
, (1)

where ω = 2π f and f is the frequency (Hz). This spec-
trum decays by 3.1 dB per octave. The corresponding
time-domain signal is infinitely long and symmetrical.

It is easy to synthesize a pink impulse of finite length
using frequency sampling and windowing techniques.
The spectrum of Eq. (1) is first sampled at sufficiently
many frequency points at both positive and negative
frequencies (remembering that the zero and Nyquist
frequency points appear only once, i.e., they do not
have mirror images). The spectrum at zero frequency
cannot be computed using Eq. (1), however, because
of the divide-by-zero error. To avoid this problem,
we flatten the spectrum at the low end: we copy the
spectrum value of the lowest non-zero frequency point
and use this same value also at the zero frequency.
The pink impulse response is then obtained using the

0 1000 2000 3000 4000
Discrete time (samples)

0

0.2

0.4

0.6

0.8

1

Fig. 1: Pink impulse obtained using the frequency sam-
pling technique, truncated using a Blackman
window, and time shifted.

inverse discrete Fourier transform. A window function
can be used to symmetrically taper its beginning and
end to smoothly truncate the pink impulse to a desired
length. Finally, the pink impulse is shifted in time to
make it causal.

Figure 1 shows a single pulse shape of the pink im-
pulse obtained using the above method. The spectrum
has been sampled at 16,384 frequency points, contain-
ing both the negative and the positives frequencies,
and has been converted to the time domain using the
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Fig. 2: Comparison of the ideal and truncated (4401
samples) pink impulses in the time domain on
the logarithmic scale.

16,384-point inverse FFT (Fast Fourier Transform). A
Blackman window has been used to smoothly truncate
the pink impulse to a length of 4401 samples, which
corresponds to 100 ms at the sample rate of 44.1 kHz.
In Fig. 1, the windowed pink impulse has been shifted
by 2200 samples so that it starts at zero.

Figure 2 compares the ideal (i.e., infinitely long) and
the shortened pink impulse in the time domain on the
logarithmic scale. The shortened pink impulse is seen
to have neither sidelobes nor zero-crossings. Around
the center peak, the ideal and short versions are identi-
cal.

Figure 3 compares the spectra of the ideal pink impulse
and the shortened one. Other than the minor deviations
that appear at low frequencies below about 100 Hz,
they are identical. Since the deviations are smaller than
1.0 dB at frequencies above 10 Hz, the truncated pink
impulse sound can be assumed to be the same as the
ideal one. In this work, the pink impulse shortened
to a length of 4401 samples are used to process the
loudspeaker impulse responses for the listening test.

3.3 Listening-Test Operation

The listening test was implemented with the MATLAB
software. A screenshot of the graphical user interface
(GUI) is shown in Fig. 4. Since the target of the lis-
tening test was to find whether the subjects could hear
differences between two sounds in a paired-comparison
test, the operation of the GUI was simple. The two
sounds of a pair were reproduced one after the other
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Fig. 3: Comparison of the power spectra of the ideal
and truncated (4401 samples) pink impulses.

Fig. 4: Screenshot of the listening test GUI.

using Sennheiser HD-650 headphones in a quiet office
room when the subject pressed “Play”. Each sound pair
could be repeated once, if the subject so desired. Next,
the subjects had to report, whether they perceived the
two sounds as the same or different from each other.
This was done by pressing one of the large buttons in
the GUI seen in Fig. 4.

The test contained 21 different sound signals, as speci-
fied in Table 1. Each signal was presented before and
after convolving it with the pink impulse. Thus, the
spectra of the signals were either flat in the passband
(unconvolved) or they had a low-frequency emphasis
due to the convolution with the pink impulse. The
reproduced sound-signal pairs contained an impulse
response and its time-reversed version. The length

AES 144th Convention, Milan, Italy, 2018 May 23 – 26
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of each sound signal was 1.6 s, with the first impulse
response located at 0.3 s and the second at 1.3 s (the
maximum values of the impulses are centered to these
time points). Each sound pair was presented twice, the
second time in the opposite order. Finally, the presen-
tation sequence of all the sound pairs was randomized
individually for each test subject.

Five individuals (two females and three males), aged
from 24 to 39 years, with normal hearing participated in
the listening test. All had prior experience in different
types of listening tests. In order to familiarize the
subjects with the GUI as well as the nature of the test
signals, a short training session similar to the actual test
was performed with the test subjects before the actual
test. The results of the training session were deleted.

The subjects were asked to report if the sounds in a
pair were different, but at the same time, to not concen-
trate on level differences. Technically, there were no
level differences due to the nature of the signals to be
compared. Finally, they were also told that some test
sounds are identical and that they should only respond
“different” when they perceived a difference.

4 Analysis of Listening-Test Answers

The results of the listening tests are shown in Figs. 5
and 6. The bars indicate the proportion of the two
samples judged to be the same in all responses. Thus,
values close to unity mean that the test subjects per-
ceived the sounds as the same, whereas values close to
zero mean that most of the respondents judged the two
sounds as being different. The bars have been sorted ac-
cording to the mean of all results, i.e. when the results
from the original impulse responses and the filtered
ones are combined.

The bars are color coded: Similar types of impulse
responses share the same color. The impulse responses
arising from one-way, two-way, and three-way models
each have their own color (orange, blue, and green,
respectively), and the measured loudspeaker impulse
responses are presented with another color (red). Black
indicates the hidden reference or the pair in which the
sounds are identical.

Most of the signals produced clear results where the
two compared signals were either perceived as the same
or as different by the majority of the test subjects. A few
signals remained hard to classify, for example “3Wb”,

which corresponds to a modeled three-way speaker
with high crossover frequencies (see Table 1).

When comparing the two cases (Figs. 5 and 6), lis-
tening directly to the impulse response or the impulse
response convolved with the pink impulse, they gen-
erally resemble each other. However, for the impulse
responses arising in the model, the overall level of judg-
ing the two signals to be the same is lower for the
impulse responses convolved with the pink impulse
than for the original impulse responses. This verifies
the assumption that the group-delay differences are eas-
ier to perceive when the low and mid frequencies are
emphasized.

In the analysis of the data, we use the proportion levels
of 0.20 and 0.80 to divide the results into three groups.
A value above 0.80 indicates a high likelihood of de-
tecting the two signals in the pair to be the same. This
suggests that the test signal is so short that even the
maximal difference in the phase created by temporal in-
version does not produce audible differences. In Fig. 5,
this group involves the reference and the first eight
test signals. These arise from the ideal loudspeaker
models representing both of the one-way speakers and
most of the two-way speakers. However, in Fig. 6, this
group only comprises the reference and the first two
test signals.

The second group spans the proportion levels between
0.80 and 0.20. In these cases, the test subjects were
not confidently able to detect the impulse response and
its time-reversed version. In Fig. 5, this group only
involves three signals, whereas Fig. 6 contains six test
signals.

The final group contains the test results with a propor-
tion level below 0.20, implying that the test signal and
its time-reversed version were regarded mostly (or fully
in some cases) as different. In Fig. 5, this group con-
tains most measured impulse responses, the impulse
responses arising in the three-way model with lower
crossover frequencies, as well as all the signals with
exaggerated group-delay responses. In Fig. 6, two ad-
ditional two-way models as well as the last measured
impulse response (“LS3”) also belong to this group.

5 Results and Discussion

The results for the hidden reference (the black bar in
Figs. 5 and 6) indicate that the listeners could generally

AES 144th Convention, Milan, Italy, 2018 May 23 – 26
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Fig. 5: Proportion of “same” judgments when using impulse responses themselves as the test signal.
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Fig. 6: Proportion of “same” judgments when using impulse responses convolved with pink impulse as the test
signal.

correctly detect the two signals being identical. How-
ever, in both cases the hidden reference was evaluated
slightly below unity (90%). The 20% and 80% limits
appear to be suitable for evaluating the definitions of
“same” and “different” due to the uncertainty caused by
the small sample size.

The differences between Figs. 5 and 6 can be explained
with the pink impulse. The pink impulse produces
a low-frequency emphasis on the impulse responses
due to its magnitude spectrum, thus accentuating pos-
sible audible differences in the test signals at low and
mid frequencies. Since loudspeakers (both actual loud-
speakers and the models used here) generally have the
largest group-delay values at low frequencies, i.e. low
frequencies need more time to occur in the impulse
responses, the pink impulse produces an audible differ-
ence in some of the test cases. This, in turn, leads to a
lower proportion of the “same” judgments.

Some of the results can be better understood by analyz-
ing the loudspeaker impulse responses. An example of

a short impulse response that did not sound different in
reverse (the signal “2Wf”) is seen in Fig. 7 on the loga-
rithmic scale. The main part of the impulse response is
very short, and the low-frequency tail decays quickly,
reaching the −60-dB level in about 12 ms.

In the second group, the impulse responses are defi-
nitely longer due to either a lower crossover frequency
in the two-way model, an additional crossover filter in
the cases of three-way model, or an actual measured
loudspeaker. In the last case, however, also some of the
two-way models with lower crossover filters as well
as both one-way models fall to this group. An exam-
ple of a synthetic impulse response with an ambiguous
length (the signal “3Wb”) is shown in Fig. 8 on the
logarithmic scale. The burst of this impulse response
after the initial peak is longer than in Fig. 7, but the
low-frequency tail decays approximately at the same
rate.

The signals arising in the third group have noticeably
the longest impulse responses. Therefore, it is not sur-
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Fig. 7: Synthetic loudspeaker impulse response (signal
“2Wf”) that is short and decays quickly.
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Fig. 8: Synthetic loudspeaker impulse response (signal
“3Wb”) in which the difference was hard to
perceive.

prising that the time reversal can cause audible differ-
ences. Figures 9 and 10 contain two example impulse
responses from this group on the logarithmic scale. Es-
pecially in Fig. 10, the level of the measured impulse
response decreases slower than the level of the loud-
speaker models seen in the other figures.

It is interesting that almost all of the test signals con-
taining measured impulse responses belong to the third
group. One explanation for this is that the actual mea-
surements of loudspeaker mechanics and electronics
create longer impulse responses than the ideal mod-
els. Another explanation could be that the measure-
ments contain other information, such as additional
background noise or other disturbances, in addition to
the loudspeaker response, and this cause audible differ-
ences. Analyzing this will require additional work.
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Fig. 9: Synthetic loudspeaker impulse response (signal
“3Wa”) in which the difference was perceived
almost always.

0 10 20 30 40 50 60 70 80 90
Time (ms)

-100

-80

-60

-40

-20

0
Im

pu
ls

e 
re

sp
on

se
 (d

B)

Fig. 10: Measured impulse response of a loudspeaker
(test signal “LS2”) that contains noise and de-
cays slowly. Note that a different time scale is
used from the other impulse response figures.

Finally, an additional way to compare the test signals is
to study their group-delay variations. Figure 11 shows
the group delays of the loudspeaker model signals,
i.e. all the signals from Table 1 except for “Id” and
“LS1–LS6”. They have been normalized so that the
group delay at 10 kHz equals zero, since we are in-
terested about group-delay variations that cause the
different frequencies of a signal to occur at different
times. The group delays are divided into three groups
according to the results shown in Fig. 5. Based on these
figures, some audibility limits can be suggested.

Figure 11(a) contains the group-delay variations of
the signals that were mostly judged “same”, when
the signals were played back forwards and backwards.
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It is seen that the group delay can exceed 10 ms be-
low 200 Hz when compared to the group delay at
high frequencies without the difference being audible.
However, an interesting frequency range arises when
Fig. 11(a) is compared to the two other subfigures,
since the major differences between the three groups of
signals are seen between 300–1000 Hz. In Fig. 11(a),
the values are below 1.0 ms in this range and the dif-
ferences are inaudible. In Fig. 11(b), the group delay
values are between 1–2 ms, which resulted in the dif-
ference being sometimes audible. Finally, in Fig. 11(c),
the values are above 2.0 ms and the differences were
mostly audible.

6 Conclusion

In this work, loudspeaker impulse responses were stud-
ied using a paired comparison listening test to under-
stand the effect of the their temporal structure. Sev-
eral modeled and six measured loudspeaker impulse
responses were included in the test. The impulse re-
sponses were compared with their time-reversed ver-
sions to maximize the differences in the temporal struc-
ture and differences in group delay. Thus, as the magni-
tude spectra of each test signal pair were identical, the
audible differences could be assumed to be related to
the temporal structure and group delay.

In addition to impulse responses, their low-frequency
emphasized versions were used in the listening test. A
pink impulse was defined for this purpose. This is a
short, symmetric pulse having a spectral content similar
to that of pink noise. Test signals were convolved with
a 100-ms long pink impulse to create the low-frequency
emphasized versions. Some of the test signals used in
this work are available online [19].

The listening test results showed that hearing the differ-
ences was easier in the signals which were convolved
with the pink impulse, as expected. The effects of the
group delay were found to be easiest to perceive in the
impulse responses that are long and decay slowly. This
corresponds to signals with group delays amounting to
above 2.0 ms between 300–1000 Hz. Similarly, perceiv-
ing differences was difficult in the impulse responses
that are short and decay fast, i.e. where the group delay
is less than 1.0 ms between 300–1000 Hz. This work
gives an idea of the length of a short enough impulse
response such that the temporal structure of the impulse
response does not create audible cues.
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Fig. 11: (a) Zoomed-in group delay variations of
the modeled loudspeakers that were mostly
judged “same”, (b) that were hard to classify,
and (c) that were mostly judged “different”.
Note that the group delays have been normal-
ized so that they equal to zero at 10 kHz.

The results of this study should not be interpreted
as saying that the group-delay responses of the loud-
speakers for which differences were heard are defec-
tive and would lead to poor sound quality. The results
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merely suggest that the group-delay deviations are large
enough to create audible differences in an exaggerated
test such as the pairwise comparison of a test signal au-
ditioned in the forward and backward directions. How-
ever, the results could be interpreted to say that the
loudspeaker impulse responses for which differences
were not heard in this exaggerated arrangement are suf-
ficiently short and that the group delay probably is not a
factor in creating audible effects in sound reproduction.
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