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To determine the effect of the repetitive component of a noise, which is characterized by the effective duration of the
autocorrelation function, t,, the loudness of iterated rippled noises (IRNs) with different numbers of iterations and
delay times under conditions of equal sound pressure was examined. Loudness matches were obtained using a two-
interval, adaptive forced-choice procedure converging on the point of subjective equality following a simple 1-up,
1-down rule. Results indicated that the loudness of IRNs increased with increasing t,, from 10 to 100 ms, indicating
the repetitive components of noises could affect their loudness in certain ranges of t.. The increase in loudness for the
T, values from 10 and 100 ms corresponded to an approximately 5 dB increase in SPL.
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1. INTRODUCTION

Changes in frequency, duration and bandwidth all affect the
perceived loudness of a stimulus, even when the intensity is
constant (Yost 2000). Previous studies have concluded that
the loudness of a noise remains constant as its bandwidth
increases up to the critical band; thereafter, the loudness in-
creases with increasing bandwidth beyond the critical band
(Zwicker et al. 1957; Greenwood 1961; Scharf 1962). How-
ever, the loudness of a sharply (2068 dB/octave) filtered
bandpass noise (BN) increases as the effective duration of
the autocorrelation function (ACF), T, increases, even when
the bandwidth of the BN is within the critical band (Sato et
al. 2002; Soeta et al. 2004). The T_represents repetitive com-
ponents within the signal itself and increases as the band-
width of a BN decreases. However, the envelope and sound-
pressure level (SPL) also vary as the bandwidth of a BN
changes. This variation of the envelope and SPL might there-
fore affect the loudness of a BN (Zhang and Zeng 1997; Moore
et al. 1999). To eliminate such effects, our previous study
investigated the effects of t, on loudness using iterated rippled
noise (IRN) (Soeta et al. 2007). IRN is produced by delaying
a noise, adding it to the original, and iterating the delay-
and-add process. The reciprocal of the delay determines the
pitch, and the number of iterations determines the pitch
strength (Yost 1996). Thus, the delay time and number of
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iterations determine the t_ of the ACF. In the previous study,
the scale values of the loudness of IRNs for each delay, i.e.,
1, 2, 4 and 8 ms, were obtained using a paired-comparison
method (Soeta et al. 2007). We reported that the averaged
scale values of the loudness of the IRNs for each delay in-
creased with increasing t, of the ACF. Because subjects did
not compare the loudness of IRNs with different delays and
because the scale values of the loudness are regarded as the
linear psychological distance between the IRNs that have been
compared for each delay, it is impossible to compare the
scale values for IRNs with different delays and evaluate the
increase in loudness in dB scale. In the present study, there-
fore, loudness matches were obtained using a two-interval,
adaptive forced-choice procedure converging on the point of
subjective equality (PSE) following a simple 1-up, 1-down
rule.

2. METHOD
The ACF provides the same information as the power spec-
tral density of a signal. A normalized ACF can be expressed

by

() @)

where
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in which 2T is the integral interval, < is the time delay and
p(t) is the signal as a function of time. The following can be
determined from the ACF analysis: (1) the energy represented
at zero delay, ®(0); (2) the 7, defined as the time delay at
which the envelope of the normalized ACF becomes 0.1;
(3) the amplitude of the first non-zero maximum peak at
positive delay, ¢,; and (4) the delay time t, (Ando 1998; Ando
2001). The ®(0) corresponds to the SPL. The 1, of the IRN
corresponds to the delay of the IRN. The t_and ¢, increase as
the number of iterations increases. Although the ¢, did not
change as a function of the delay time of the IRN; the t, did
change.

Digitally generated white noise with a sampling rate of
48 kHz was used to produce BN. IRN was produced by a

d=0.5ms, n=2

delay-and-add algorithm applied to the BN that was filtered
using fourth-order Butterworth filters between 100-3500 Hz.
The number of iterations of the delay-and-add process was
setat 2, 4, 8, 16 and 32. The delay was set at 0.5, 1, 2, 4, 8
and 16 ms, for which the reciprocals were 2000, 1000, 500,
250, 125 and 62.5 Hz, respectively. The duration of the stimuli
was 0.5 seconds, including linear rise and fall ramps of 10 ms.
The sounds were digital-to-analogue converted with a 16-bit
sound card and sampling rate of 48 kHz. The sounds were
presented diotically at a sound pressure level (SPL) of 60 dB
through insert earphones (Etymotic Research ER-2) with
29-cm plastic tubes and eartips inserted into the ear canals.
The passband in the transfer function of the plastic tubes
approximately corresponded to the passband of the stimuli
(100-3500 Hz). Figure 1 shows the temporal waveforms,
power spectra and ACFs of some of the stimuli. Figure 2
shows the T, and ¢, (calculated at integration interval 0.5 s)
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Fig. 1. Temporal waveforms (left panels), power spectra (middle panels) and ACF (right panels) of IRN with different delay
times (d) and number of iterations (n). () d=0.5ms,n=2; (b) d=0.5ms,n=8; (¢c)d=0.5ms,n=32; (d)d=8ms, n=2;

(e)d=8ms, n=32.
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Fig. 2. (a) T, and (b) ¢, of the stimuli used in the experiment
as a function of the number of iterations with delays of
(0)05,(A)1,(O)2, (@) 4, (A)8and (H) 16 ms.

of the stimuli used in the experiment. The integration inter-
val was determined according to the psychological present,
i.e., 0.5-5.0 s (Fraisse 1984).

Ten subjects (aged 21-37 years) with normal hearing took
part in the experiment. The participants all had normal au-
diological status and no history of neurological diseases. There
was no practice session because all subjects had already per-
formed the same task to obtain loudness matches. Informed
consent was obtained from each subject after the nature of
the study had been explained. The protocol was approved by
the ethics committee of the National Institute of Advanced
Industrial Science and Technology (AIST), Japan.

Loudness matches were obtained using a two-interval, adap-
tive forced-choice procedure converging on the PSE follow-
ing a simple 1-up, 1-down rule (Levitt 1971) in an anechoic
and soundproof room. In each trial, the fixed (test) and vari-
able (reference) sounds were presented in random order with
equal, a priori probability, and separated by a 500-ms pause.
The test sound was an IRN and the reference sound was a
1-kHz pure tone. Each subject’s task was to indicate which
sound was louder by pressing a key. For each adaptive track,
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the overall level of the test sound was fixed at 60 dB SPL,
and the starting level of the reference sound was 50 dB SPL.
The level of the reference sound was controlled by an adap-
tive procedure: whenever the subject judged the reference
sound to be louder than the test sound, its SPL was lowered
by a given amount; whenever the subject judged the test sound
to be louder than the reference sound, the SPL of the refer-
ence sound was increased by that same amount. The initial
step size was 5 dB; after four reversals (that is, changes in
the direction of the adaptive track), it was decreased to 2 dB.
A total of 12 reversals were collected for each adaptive track;
the arithmetic mean of the last four was used to estimate the
PSE. One estimate was obtained for each IRN and subject.

The effects of stimulus parameters (number of iterations
and delay time) on the PSE for loudness were statistically
analyzed by a repeated-measures analysis of variance
(ANOVA) with two within-subject factors: number of
iterationsxdelay time. Where appropriate, probabilities were
adjusted by the Greenhouse-Geisser correction.

3. RESULTS

Figure 3 shows a typical example of a subject’s response by
simple 1-up 1-down procedures. This clearly shows how well
the response converged to the PSE. The results were similar
for all subjects, that is, all responses converged well to the
PSE.

Figure 4 shows the PSE for loudness as a function of the
number of iterations of the IRN for each delay time. The
main effects of the number of iterations [F(4, 36) = 7.94,
P < 0.001] and delay time [F(5, 45) = 8.95, P < 0.005, £ = 0.36]
were significant. The interaction was also significant
[F(20, 180) = 5.73, P < 0.001]. Hence, the main effects of the
number of iterations were analyzed by a one-way repeated-
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Fig. 3. Typical data for simple up-down procedures. A typi-
cal set of data from a subject in response to IRN with a delay
time of 4 ms and (O) 8 and (@) 32 iterations.
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measures ANOVA for each delay time.

When the delay was 0.5 ms, the averaged PSE for loudness
decreased as the number of iterations increased. Seven of the
10 subjects had decreasing PSE for loudness with increasing
number of iterations. The main effect of the number of itera-
tions on the PSE for loudness was significant [F(4, 36) = 5.19,
P < 0.005].

When the delay was 1 ms, the averaged PSE for loudness
decreased as the number of iterations increased when the
number of iterations was less than 8; however, the averaged
PSE for loudness slightly increased with increasing number
of iteration when the number of iterations was 16 and 32.

(a) delay = 0.5 ms

Seven of the 10 subjects showed these tendencies. The main
effect of the number of iterations on the PSE for loudness
was significant [F(4, 36) = 2.75, P < 0.05].

When the delay was 2 ms, the averaged PSE for loudness
increased as the number of iterations increased, except for
when the number of iterations was 2. Seven of the 10 sub-
jects showed such tendencies. The main effect of the number
of iterations on the PSE for loudness was significant
[F(4, 36) = 5.64, P < 0.005].

When the delay was 4 and 8 ms, the averaged PSE for
loudness increased as the number of iterations increased, ex-
cept for when the number of iterations was 32. Seven of the

(b) delay = 1 ms
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Fig.4. Mean PSE for loudness as a function of the iteration number of IRN with a delay of (a) 0.5, (b) 1, (c) 2, (d) 4, (e) 8 and
(f) 16 ms. Error bars represent the standard deviation of the means.
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10 subjects showed such tendencies. Three of the 10 subjects
did not show clear PSE change as a function of number of
iterations. The main effect of the number of iterations on the
PSE for loudness was significant for the delay of 4 ms
[F(4, 36) = 11.27, P < 0.001] and the delay of 8 ms
[F(4, 36) = 8.14, P < 0.001].

When the delay was 16 ms, the averaged PSE for loudness
did not change significantly [F(4, 36) = 1.23, P = 0.32].

The relationship between the PSE for loudness, the t,, and
the ¢, is shown in Fig. 5. When the t_ was between 10 and
100 ms, the perceived loudness increased with increasing t..
The ¢, was not correlated with the perceived loudness.

Figure 6 shows the estimated loudness of the IRN stimuli
from the models proposed by Moore et al. (1997) and Zwicker
and Fastl (1999). When the delay time was 0.5 and 1 ms, the
estimated loudness decreased with increasing number of it-
eration. When the delay time was 2 ms, the estimated loud-
ness decreased slightly with increasing number of iteration.
When the delay time was 4, 8, and 16 ms, the estimated
loudness did not change as a function of number of iteration.
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Figure 5. Mean PSE for loudness as a function of the (a) T,
and (b) ¢, with a delay of (O) 0.5, (A) 1, (1) 2, (@) 4,
(A) 8 and (M) 16 ms. Error bars represent the standard er-
ror of the means.
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When the delay time was 0.5, 1, 8, and 16 ms, the estimated
loudness agreed well with the loudness derived from the
present experiment. When the delay time was 2 and 4 ms,
the estimated loudness did not correspond to the loudness
derived from the present experiment.

4. DISCUSSION AND CONCLUSIONS

When the t, was between 10 and 100 ms, the loudness of the
IRN increased with increasing t.. This is consistent with pre-
vious findings using BN (Sato et al. 2002; Soeta et al. 2004)
and IRN (Soeta et al. 2007), clearly confirming that loud-
ness is influenced by the repetitive components of sounds in
the t, range between 10 and 100 ms. Therefore, the T, could
be useful criteria for measuring loudness. In addition, we
found that the increase in loudness for the 1, values between
10 and 100 ms was approximately 5 dB.

When the delay of the IRN was 0.5 ms, the loudness of the
IRN decreased with increasing t,. When the delay of the IRN
was 1 ms, the loudness of the IRN decreased with increasing
T, Up to approximately 4 ms, and then increased with in-
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Figure 6. Estimated loudness as a function of the number of
iterations with delays of (O) 0.5, (A) 1, () 2, (@) 4,
(A) 8 and (M) 16 ms by the models proposed by (a) Moore
et al. (1997) and (b) Zwicker and Fastl (1999).
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creasing 1. These tendencies might be due to the effect of
the critical band, that is, loudness remains constant as the
bandwidth of the noise increases up to the critical band, and
then increases with increasing bandwidth beyond the criti-
cal band. This can be predicted by loudness models (Moore
et al. 1997; Zwicker and Fastl 1999), as shown in Fig. 6. The
power spectrum of the IRN has a ripple with peaks at integer
multiples of the reciprocal of the delay, as shown in Fig. 2.
Figure 7 shows the bandwidth of the IRN

stimuli as a function of the number of iterations. Bandwidth
is defined as the bandwidth measured at 3 dB down from the
peak. The bandwidth of the IRN stimuli decreases with an
increasing number of iterations and the bandwidth of the
IRN stimuli at the delay times of 0.5 ms and 1 ms with the
number of iterations of 2, 4 and 8 is larger than the critical
bandwidth. This suggests that the IRN stimuli at the delay
times of 0.5 ms and 1 ms with the number of iterations of 2,
4 and 8 is perceived to be louder than that with the number
of iterations of 16 and 32 because of the effect of the critical
band. If the bandwidth of the IRN stimuli at the delay times
of 0.5 ms and 1 ms with the number of iterations of 2, 4 and
8 was smaller than the critical bandwidth at the reciprocal of
the delay, then the loudness increased with an increasing
number of iterations, similar to the IRN stimuli at the delay
times of 2, 4, and 8 ms. Hence, the effect of the critical band
on loudness might impair the effect of the repetitive compo-
nent on loudness when the IRN stimuli at the delay times of
0.5 ms and 1 ms have 2, 4, and 8 iterations.

When the t,was more than 100 ms, the loudness of the
IRN remained constant, suggesting the contribution of per-
ceived pitch strength. Previous studies have shown that pitch
strength for the IRN is strongest for pitches of approximately
500 Hz, and that stimuli had essentially no pitch strength for
pitches below 50 Hz and above 2000 Hz (Yost and Hill 1978).
When the T, was approximately 100 ms in the present study,
the delay time of the IRN was 16 ms and the reciprocal of the
delay was 62.5 Hz; this indicates that the perceived pitch
was weak. Hence, the loudness might not have increased with
increasing T, because of the perceived pitch weakness. In
addition, the perceived pitch weakness might have also af-
fected the loudness judgment when the delay time of the IRN
was 0.5 ms and the reciprocal of the delay was 2000 Hz.

The effect of the T, on loudness was not seen in some of the
subjects, indicating that there could have been subjects who
were hardly affected by the t, with respect to loudness judg-
ment. Thus, the effect of the t, on loudness judgment seems
to partially depend upon the individual. This is consistent
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Figure 7. Bandwidths of the IRN stimuli used in the experi-
ment as a function of the number of iterations with delays of
(0)05,(A)1,(0)2, (@) 4, (A) 8and (M) 16 ms. Band-
width is defined as the bandwidth measured at 3 dB down
from the peak at the reciprocal of the delay. Solid, short-
dashed and long-dashed lines indicate critical bandwidth at
a frequency of 2000, 1000 and 500 Hz, respectively (Zwicker
1961).

with previous findings using BN (Sato et al. 2002; Soeta et
al. 2004) and IRN (Soeta et al. 2007).

The previously introduced loudness model (Moore et al.
1997; Zwicker and Fastl 1999) cannot predict loudness when
the delay is 2 or 4 ms, which corresponds to a pitch of 500
and 250 Hz, respectively. This suggests the t, is useful for
supplementing the loudness model. Loudness increases
caused by a tonal component might be predictable by the T,
in a certain range. The 1, of various noise sources, such as
airplanes (Fujii et al. 2001; Sakai et al. 2001), trains (Sakai
et al. 2002), motor bikes (Fujii et al. 2002) and flushing toi-
lets (Kitamura et al. 2002) have been analyzed, with results
indicating that the 7, varied within a range of 1-200 ms ac-
cording to the type of noise source. We found that the in-
crease in loudness for the 1, values from 10 and 100 ms cor-
respond to an approximately 5 dB increase in SPL. Hence, T,
values extracted from the ACF should be useful for supple-
menting the current loudness model when the t, value is be-
tween 10 and 100 ms.
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