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ABSTRACT:
Many environmental sounds contain significant energy in the infrasonic and low-frequency (ISLF) ranges that have

been associated with cases of annoyance and noise complaints. This study assessed the effect of sound duration on

audibility and loudness of ISLF sounds. A first experiment evaluated detection thresholds for tones of 4, 16, and

32 Hz with durations up to 4000 ms. Furthermore, equal-loudness-level contours (ELCs) were obtained as function

of duration up to 2000 ms. Tones of 1000 Hz were also included here. Results displayed the known pattern of general

sound level decrease with increasing duration up to several hundred milliseconds. ELCs stabilized slightly earlier

than thresholds, but after 1000 ms, levels remained roughly constant for both measures except for 4-Hz tones, where

the decrease continued up to the longest durations tested. As 4-Hz cycles are perceptually resolved as separate pres-

sure pulses, the authors hypothesized their duration dependence would resemble that of pulse trains. Hence, a second

experiment evaluated pulse-train thresholds (1000-Hz carrier) for durations up to 4000 ms. For both pulse repetition

rates of 4 and 32 Hz, threshold stabilized after 1000 ms as for tones �16 Hz, suggesting the continuing threshold

decrease for a 4-Hz tone is specific to infrasound. VC 2020 Acoustical Society of America.
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I. INTRODUCTION

It has been long established that below a critical dura-

tion, shorter sounds require a higher intensity than longer

ones to be detected, or to be of equal loudness (Garner,

1947; Small et al., 1962; Watson and Gengel, 1969; Scharf,

1978; Gerken et al., 1990). This phenomenon has been gen-

erally referred to as temporal integration. While the underly-

ing physiological mechanisms are still not well understood,

it has been acknowledged that both peripheral mechanisms

and central auditory processes are involved (for reviews and

discussions, see Moore, 2007; Verhey, 2010; Viemeister,

2014). Critical duration, the stimulus duration beyond which

threshold and loudness do not significantly change anymore,

has been reported to be generally less than 1000 ms (Scharf,

1978; Poulsen, 1981; Florentine et al., 1996), and some

studies have indicated an increase with decreasing fre-

quency (Plomp and Bouman, 1959; Watson and Gengel,

1969; Gerken et al., 1990). In this study, we investigated to

what extent this trend extends towards very low frequencies,

as to the knowledge of the authors, almost no temporal inte-

gration data exist for very low frequency sounds (including

infrasonic frequencies, i.e., <20 Hz). An exception,

although with very limited data, is the study of infrasound

detection thresholds by K€uhler et al. (2015), suggesting that

threshold for a 10-Hz tone remains constant for durations

>1000 ms. As to the review of infrasound hearing thresh-

olds and equal-loudness-level contours (ELC) by Møller and

Pedersen (2004), they selected primary studies that used

stimulus durations 500� 2000 ms (or longer) to avoid

potential effects of temporal integration. Thus, the effect of

duration on audibility and loudness for infrasonic and low-

frequency (ISLF) sounds has remained uncertain.

Considering the increase in complaints about environmental

noise with spectral content below 100 Hz (Leventhall, 2004;

Schmidt and Klokker, 2014; Baliatsas et al., 2016), there is

a need to understand temporal integration in this frequency

range to better assess the impact of environmental ISLF

sounds.

Two experiments were conducted for this study: experi-

ment 1 assessed the auditory temporal integration for ISLF

tones, both at threshold and suprathreshold levels and up to

durations that well exceeded 1000 ms. In experiment 2, con-

trol threshold measurements were performed using 1-kHz

pulse trains with repetition rates of 4 and 32 Hz, in an

attempt to explain our findings for 4-Hz infrasound tones.

II. EXPERIMENT 1

A. Methods

1. Detection threshold as function of duration

Detection thresholds were obtained for tones with fre-

quencies of 4, 16, and 32 Hz. A two-alternative-forced

choice (AFC), 3-down 1-up adaptive procedure was used.
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Start levels were set 15 dB above previously published sen-

sation thresholds (ISO-226, 2003, for frequencies >20 Hz;

Møller and Pedersen, 2004, for infrasound). The step-size

started at 3 dB, changed to 2 dB after one reversal, and

decreased to 1 dB after another reversal. The procedure

stopped after 11 reversals, and threshold was obtained by

averaging the last eight. The 13 combinations of frequency

and duration (see Sec. II A 3 for duration values) were mea-

sured in random order. Three further measurements for each

of the 13 conditions were obtained in new random orders

and threshold for each condition was defined as the median

value of the four measurements.

2. Equal-loudness-level contours

Loudness matches were obtained for the same ISLF

tones as used in the detection threshold measurements, using

various durations (see below). Since published data on the

duration dependence of ELCs are rare compared to those for

thresholds, and the loudness-matching procedures differ,

1000-Hz tones were also included in the ELC measurements

to allow comparison of a mid-frequency ELC with those

obtained for the ISLFs in the same subjects.

For a given loudness match, the reference tone had the

same frequency as the comparison tone but its duration was

fixed at 500 ms and its level set to 40 phon. A fixed number

of decibels, corresponding to the frequency specific dB-

difference between threshold and 40-phon ELC (based on

ISO-226, 2003, for frequencies >20 Hz, and Møller and

Pedersen, 2004, for infrasound) were added to the individu-

al’s 500-ms duration threshold to reach this loudness level.

As 1000-Hz thresholds were not obtained, the 1000-Hz ref-

erence tone was set to 40 dB sound pressure level (SPL)

(equal to 40 phon according to ISO-226, 2003).

A 2-AFC task was used in combination with a

maximum-likelihood tracking (MLT) procedure. These

tracking procedures determine the adaptive value for the

next stimulus presentation by an estimation of the listener’s

psychometric function (PMF), which is updated iteratively

(see, e.g., Green, 1990). In our experiment, subjects had to

indicate which of the two tones (reference or variable), pre-

sented in random sequence, was louder. Maximum comfort-

able levels, obtained beforehand per frequency for each

subject, limited the maximum stimulus level during these

adaptive tracks.

One frequency was measured at a time, with the presen-

tations of all tracks for a given frequency (i.e., of the various

durations) randomly interleaved within the measurement of

the entire ELC for this frequency. Based on previous

responses, the level of the variable tone was set randomly at

either the 80% or 20% point of the most likely PMF (cumu-

lative Gaussian). Presenting levels slightly below and above

the currently estimated point of subjective equality (PSE)

(i.e., the 50% point on our PMF) has been previously pro-

posed to improve the estimate of its slope (e.g., Brand and

Kollmeier, 2002; Shen and Richards, 2012). Takeshima

et al. (2001) gave additional reasons to set the stimulus level

not exactly at the PSE: (1) The wider range of presentation

levels avoids the context effect that may occur when many

stimuli are presented repeatedly within a narrow range. The

occasional presentation of stimuli with a clear loudness dif-

ference “re-calibrates” the listener’s judgment. (2) Subjects

become tired of responding to stimuli that have converged

to equal loudness. Presentation at the 20% and 80% values,

corresponding to a 1:5 judgment-bias ratio, maintains a sub-

tle loudness difference, which ensures that the subjects

remain motivated right to the end of the track. (3) The wider

range of presentation levels makes the procedure more

robust against lapses of attention (Green, 1995; Shen and

Richards, 2012). Our own experience with MLT confirm

these advantages.

To avoid long runs at either the 20% or the 80% level,

the randomness was constrained to quadruplets of presenta-

tions, which consisted of the four combinations of the two

possible presentation orders and presentation levels. Each

track terminated after 16 presentations and a final PMF was

determined from it. If the slope of a final PMF was shal-

lower than 15% per dB (indicating low response consis-

tency) this measurement was repeated until four PMFs

steeper than 15% per dB were obtained for each combina-

tion of frequency and duration. The majority of subjects had

to repeat �10% of their measurements; subject S2 (asterisks

in Figs. 1 and 2) had to repeat 25%. From each of the four

PMFs, the stimulus level giving the 50% value was deter-

mined. The median of the four measurements per condition

gave the stimulus level that is estimated to have produced

the same loudness as the 500-ms reference tone.

3. Stimuli duration

Stimuli had onset and offset cosine ramps, whose dura-

tions depended on the tone’s frequency. For frequencies 4,

16, and 32 Hz, each ramp had a duration of one cycle, and

for 1000 Hz five cycles. It should be noted that the stimulus

duration definition has varied across the literature, includ-

ing, e.g., the interval between stimulus onset and offset, the

stimulus segments that are above 50% or 90% of full ampli-

tude, and energy based definitions (see considerations in,

e.g., Gerken et al., 1990; Heil et al., 2017). Because the

one-cycle ramps of our ISLF tones constitute a considerable

part of the overall stimulus duration, especially for the short-

est stimuli, half of the onset and offset ramp durations were

included in the nominal stimulus duration values. In other

words, stated durations throughout this report can be inter-

preted as “half-height” durations.

Table I gives an overview of the nominal stimulus dura-

tions tested for the various tone frequencies. In total, there

were 13 and 19 conditions for the threshold and loudness

measurements, respectively.

4. Apparatus

Stimuli were generated in MATLAB (MathWorks, Inc.,

Natick, MA) and digital-to-analog converted at a 48-kHz

sample rate using an RME Fireface UC (Audio AG,
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Haimhausen, Germany) audio interface, connected to the

controlling PC. The signal was amplified (BEAK Type

BAA 120, Frankenblick, Germany) and low-pass filtered

before driving a custom-built sound source. The low-pass

filter in combination with a voltage divider was applied to

limit the maximum loudness level to be less than 105 phon

(based on extrapolation of data in ISO-226, 2003 for fre-

quencies >20 Hz, and Møller and Pedersen, 2004, for infra-

sound). The sound source consisted of a 15-in. subwoofer

speaker (15P80Nd, Beyma, Valencia, Spain), hermetically

sealed in a wooden box. It was acoustically connected to the

subject via an 8-m long polyethylene tube (inner diameter:

14 mm), itself fitted to a narrower silicon tube (inner diame-

ter: 2.5 mm), which connected to a foam earplug (ER3–14A,

Etymotic Research, Elk Grove Village, IL), placed inside

the subject’s ear canal. This source is identical to that used

by K€uhler et al. (2015) and allows for the generation of pure

ISLF tones down to 2.5 Hz at a 60-phon level (according to

Møller and Pedersen, 2004), with higher harmonics below

the hearing threshold (see Fig. 2 in K€uhler et al., 2015).

The 1000-Hz tones were produced by an Etymotic ER4

earphone that was driven directly by the audio interface. Its

output was channeled via a 20-mm-long plastic tube (1 mm

of inner diameter), pierced through the foam of the earplug

into the ear canal. A miniature microphone (FG-23453,

Knowles Electronics, LLC, Itasca, IL) was similarly con-

nected with the ear canal for all in situ calibrations.

Measurements took place in a triple-walled sound booth.

The timing of the stimulus presentations was visualized on a

computer screen inside the booth and responses collected

using a numerical keypad.

5. Calibration and probe-checks

The frequency response of the miniature microphone

was measured using a 1/2 in. B&K microphone (type 4193)

with a low-frequency adaptor (UC0211) in a 1.3 cm3 cavity

under white noise excitation. With its response compen-

sated, this microphone was then used to measure the transfer

functions of the sound sources in the ear canal during the

measurement sessions. The electrical signal to the sound

sources was adjusted so that the desired stimulus level was

met. More details of this method can be found in Marquardt

et al. (2007). Such in situ calibration took place 2 min after

each earplug placement (to let the foam expand) as well as

approximately every 20 min during and also at the end of

the measurement sessions. Measurements were repeated if

the SPL had changed by more than 1 dB.

6. Data analysis

For comparison with literature results, mean threshold

and loudness data were fitted with an equation based on the

leaky integrator model by Plomp and Bouman (1959):

I=I0 ¼ 1= 1� e�ðt=sÞ
nð Þ; (1)

where I0 is the intensity for large durations (assumed con-

stant beyond the critical duration) and s is the integration

time constant. The slope for durations well below the critical

duration (corner of a two-line fit to the data, e.g., see Small

et al., 1962), which is linear when plotted on a log�log

scale, is controlled by the exponent n. This slope will be

called initial slope. In its original form, n equals one, and

the initial slope is 10 dB/decade, the theoretical value of an

energy integrator as assumed in classic works (e.g.,

Zwislocki, 1960). The slope parameter n was introduced

when shown that initial slopes in the data were usually less

than 10 dB/decade (see review by Gerken et al., 1990).

Although more sophisticated and physiologically relevant

models have been proposed (see, e.g., Poulsen, 1981;

Glasberg and Moore, 2002; Verhey, 2010; Hots et al., 2014;

Heil et al., 2017), this simple two-parameter equation was

chosen as it facilitates comparison with previous studies,

commonly just reporting a time constant and a slope value.

As some studies report their slopes in dB/doubling (i.e.,

decrease in sound level with a factor of 2 increase in dura-

tion rather than 10), note that 1 dB/doubling is equivalent to

�3.3 dB per decade. A Levenberg-Marquardt least-squares

minimization algorithm was used to find the optimal values

of n and s (Marquardt, 1963).

7. Subjects

Five adult subjects, a female and four males, partici-

pated in experiment 1. They had normal hearing according

to standard pure-tone audiometry (British Society of

Audiology, 2011) and normal middle-ear function according

to standard tympanometry (British Society of Audiology,

2013). The UCL research ethics committee approved the

experiment.

TABLE I. Total stimulus durations and ramp durations (in brackets) used in experiment 1 (*1000 Hz was only measured for loudness; **this duration was

only used for the 4-Hz threshold measurements). The bottom row shows the inter-stimulus intervals (ISI) used for the various stimulus durations in the two-

interval presentations of the threshold measurements. For the ELC tests, the ISI was 1000 ms for all conditions.

Frequency (Hz)

Nominal stimulus duration (ms)

32 64 125 250 500 1000 2000 4000

1000* 36(5) 69(5) 130(5) 255(5) 505(5) 1005(5) 2005(5)

32 157(32) 282(32) 532(32) 1032(32) 2032(32)

16 313(63) 563(63) 1063(63) 2063(63)

4 750(250) 1250(250) 2250(250) 4250(250)**

ISI (ms) 500 500 400 300 100 100 100 100

1032 J. Acoust. Soc. Am. 148 (2), August 2020 Jurado et al.

https://doi.org/10.1121/10.0001760

https://doi.org/10.1121/10.0001760


B. Results

An overview of all detection-threshold data is shown in

Fig. 1, with individual curves shown by thin lines and

average curves in bold. Marked individual differences in

overall levels were observed, with standard deviations of

5.6, 5.0, and 7.0 dB for 32, 16, and 4 Hz, respectively

(obtained for the 2000-ms duration stimuli). These are simi-

lar to the �5 dB standard deviations for frequencies below

100 Hz reported by Møller and Pedersen (2004), excepting

4 Hz which was slightly larger in our study. The latter is,

nevertheless, qualitatively in line with results by K€uhler

et al. (2015), who observed an increasing spread in thresh-

olds for tones below 10 Hz. Note that the error bars in Fig. 1

do not represent the across-subject variability, but the aver-

age standard deviations of the within-subject measurements

(and are therefore an indicator of reproducibility). The aver-

age detection thresholds for the 1000-ms tones obtained in

our study present overall a reasonable agreement with 1000-

ms data from Watanabe and Møller (1990) (circles in Fig.

1). In spite of this general frequency-dependence, the well-

known trend of thresholds to decrease with increasing dura-

tion was clearly observed for all frequencies tested. A simi-

lar pattern of results was observed in the ELCs shown in

Fig. 2, where individual data were vertically displaced for

better visual clarity. Best seen in the average curves (bold

lines in Figs. 1 and 2), both threshold and ELCs tended to

level off beyond 1000 ms, except the 4-Hz curves, which

seem to continue decreasing for even longer durations.

We tested the significance of this observation by com-

paring the level differences between the relevant data points

(i.e., slopes). The longest duration tested for 16 and 32 Hz

was 2000 ms and defined the upper duration for the slope

comparison of both, threshold curves and ELCs. The lower

duration had to be a point where the 16- and 32-Hz curves

had already flattened. For thresholds this was the case after

1000 ms, while for the ELCs already after 500 ms (as con-

firmed also by time constant estimates; see Fig. 4). A one-

way analysis of variance (ANOVA; with tone frequency as

factor) indeed revealed a significant effect of frequency

FIG. 1. Detection thresholds as function of stimulus duration. Individual (thin

grey lines with individual markers) and average (bold lines) data are shown.

The error-bars indicate the average of individual standard deviations across the

repeated measurements. For comparison, 1000-ms data obtained by Watanabe

and Møller (1990) are shown with unfilled circles (as these data were measured

binaurally in a pressure chamber, 3 dB were added to account for binaural

advantage as recommended by Møller and Pedersen, 2004).

FIG. 2. Level differences of tones with various durations relative to the 40-phon reference tone with 500-ms duration (no error bars) that produced equal

loudness. As in Fig. 1, the error-bars on the average curves (bold lines) indicate the average of individual standard deviations across the repeated measure-

ments. Because information regarding the duration dependence lies in the shape of the curves only, individual curves (thin grey lines with same individual

markers as those assigned in Fig. 1) were vertically offset by arbitrary amounts for visual clarity.
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(F2,12¼ 8.3, p< 0.01) for the difference between the 1000-

and 2000-ms duration thresholds. Post hoc comparisons

(Hochberg and Tamhane, 1987) showed that 4 Hz presented

significantly larger dB differences than both 32 and 16 Hz,

while these did not differ between each other. For the ELCs,

the one-way analysis of variance (ANOVA) on the individ-

ual dB differences also revealed a significant effect of tone

frequency (F3,16¼ 5.5, p< 0.01). Post hoc comparisons

showed that the dB differences were significantly larger for

4 Hz than for all other frequencies, while these did not differ

among each other. Notably, the dB differences observed for

the mid-frequency tone of 1000 Hz did not differ from those

of the 16- and 32-Hz low-frequency tones.

It is a possibility that the continuing decrease of the 4-

Hz curves indicates a cycle-based time scale of the duration

dependence at these low frequencies, rather than a scale

based on absolute time. To see on which scale the curves

better align, we plotted the data normalized to the 500-ms

condition on the time scale [Figs. 3(A) and 3(B)] as well as

normalized to the threshold/PSE for an eight-cycle duration,

on a cycle-based duration scale [Figs. 3(C) and 3(D)]. We

consider that plotting the curves close to each other,

achieved by these normalizations, facilitates their shape

comparison, which was the focus here. Although the slope

of the 4-Hz curves does agree fairly well with the initial

slopes of the 16- and 32-Hz curves when plotted on a cycle

scale, our impression was that the 16-, 32-, and 1000-Hz

curves [the latter available only for the ELCs, shown in pan-

els (B) and (D)] line better up on the time scale, and the 4-

Hz infrasound curves are the exception. We therefore con-

tinued the analysis on the basis that absolute time describes

temporal integration rather consistently over the conven-

tional frequency range of human hearing (i.e., �16 Hz), and

the way that time is integrated in the infrasound range oper-

ates perhaps differently. This analysis involved the quantifi-

cation of the initial slopes and time constants using Eq. (1).

We preferred this relatively simple, but classic formula of

temporal integration (based on Plomp and Bouman, 1959)

because we considered that the limited duration range of our

data does not allow the fitting of models with higher com-

plexity (e.g., those of Poulsen, 1981 or Hots et al., 2014).

Furthermore, most of the previously published studies to

which we can compare our results reported only these two

parameters. The fitted curves, as well as derived parameters

for our data set, are shown in Fig. 4. Quantitatively, there

were relatively small deviations between fits and data; root-

mean-squared deviations were in all cases <0.5 dB. Derived

initial slopes for the 4- and 16-Hz threshold curves were

slightly shallower than that of 32 Hz. For loudness, initial

slopes were slightly shallower for 32 Hz than for 4, 16, and

1000 Hz. Thus, no systematic frequency dependence in the

initial slopes was observed. Similarly, there was also no sys-

tematic difference in initial slope between the threshold and

loudness data.

Time constants (vertical lines in Fig. 4) were generally

shorter for loudness than threshold. For both measures, there

was a slight tendency for s to increase with decreasing

frequency, which would be in line with other reports (Plomp

and Bouman, 1959; Watson and Gengel, 1969; Gerken

et al., 1990). However, at least for tones �16 Hz, this trend

was not extensive, and due to the limited number of data

points available for the fits we are unable confirm such trend

with certainty. As the average thresholds for 4 Hz did not

stabilize even up to 4000 ms, the fit gave an unrealistic s-

value of 36 s, which makes application of the leaky-

integrator model to the 4-Hz data highly questionable.

C. Discussion

While the temporal integration for the lower audio-

frequency tones of 16 and 32 Hz was found to be qualitatively

similar to that reported for the mid audio-frequency range, the

4-Hz infrasound tone appeared to follow a different rule.

Before discussing possible explanations for the 4-Hz find-

ings, we first compare the data obtained for frequencies �16 Hz

with previous studies, that to our knowledge have only exam-

ined systematically the temporal integration for frequencies

>100 Hz. Note that the number of data points available to fit

the temporal integration function was restricted by the mini-

mum stimulus durations that could be tested, due to the long

periodicity of low-frequency tones. The uncertainty of our esti-

mate is therefore expected to increase as the stimulus frequency

was lowered. Nevertheless, the initial slopes obtained for

threshold as function of duration (7.6 and 10.0 dB/decade) are

well within those reported in the literature (e.g., for frequencies

�1000 Hz, Gerken et al., 1990 report values from several stud-

ies that range from �3 to 12 dB/decade). For loudness, derived

initial slopes (7.4–10.9 dB/decade) were broadly similar to those

of thresholds, as has been observed previously (Scharf, 1978).

For the 1000-Hz ELC, where shorter durations could be mea-

sured, our slope in the range 32–125 ms was similar to the

�10 dB/decade slope obtained by Poulsen (1981) for this fre-

quency in a similar duration range.

The range of the time constant, s, obtained for the 32-

and 16-Hz thresholds (362–522 ms) is also roughly in line

with literature values reported for frequencies below

1000 Hz. For example, the review by Gerken et al. (1990)

reports an average of 588 ms across different studies. We

also observed systematically shorter s values for loudness

than for threshold, as has been previously observed (Scharf,

1978; Poulsen, 1981; Moore, 2007). The slight general ten-

dency of s to increase with decreasing frequency, as

observed here for both threshold and loudness, has also been

reported previously (Plomp and Bouman, 1959; Watson and

Gengel, 1969; Gerken et al., 1990). This tendency might

explain why our s values of the loudness-curve fits for 16

and 32 Hz (306 and 321 ms, respectively) were on the upper

end of those reported previously, whereas our s value of

252 ms for 1000 Hz falls in the middle (e.g., 110–320 ms for

1000 Hz at various levels by Poulsen, 1981).

Now, we come to the peculiar findings with 4-Hz infra-

sound tones. Infrasonic sinusoids do not elicit a pitch sensa-

tion (which appears to cease below about 30 Hz, according

to Krumbholz et al., 2000) and below approximately 10 Hz
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are not perceived as continuous, i.e., their single cycles can

be perceptually resolved as separate pressure pulses (Møller

and Pedersen, 2004). These are important qualities that set

infrasound apart from sound in the audio-frequency range.

With this in mind, we postulated that threshold dependence

on duration for tones below 10 Hz could be likened to that

for a train of pressure pulses. It has been shown that detec-

tion thresholds for trains of clicks or tone pulses steadily

decrease with the number pulses by roughly 2 dB per dou-

bling in number (6.6 dB/decade, see, e.g., Carlyon et al.,
1990; Heil et al., 2017). The observed decrease has been

well explained by probabilistic auditory models that

consider how multiple-event information can be optimally

used for signal detection. For example, the “multiple looks”

interpretation by Viemeister and Wakefield (1991) predicts

a 1.5 dB threshold decrease per doubling in the number of

observations, assuming independent looks and optimal

information use (see also Green and Swets, 1988; Verhey,

2010). Indeed, our 4-Hz threshold average data decreased

approximately with this slope [shown as thick grey line in

Fig. 3(A)] and share the characteristic of tone-pulse thresh-

old data by Heil et al. (2017). Their Fig. 7B shows how

thresholds, obtained for 8-Hz trains of 3125-Hz tone bursts,

steadily decrease at a rate of roughly –2 dB per doubling in

FIG. 3. Shape comparison between the across-subject average curves of Figs. 1 and 2. Data in panels (A) and (B) were normalized to the 500-ms values.

The thick-grey line in panel A has a slope of �1.5 dB per doubling in the number of pulses (equivalent to 5 dB/decade), according to the detection probabil-

ity theory for multiple events (see discussion). In panels (C) and (D), data are shown on a cycle scale and were normalized by the levels at the eight-cycle

duration [with 1000 Hz in panel (D) normalized to the 500-ms values as no eight-cycle data were measured here].
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train duration. However, we were unable to find similar

studies with threshold curves exceeding a 1000-ms duration,

like our data. Thus, we decided to conduct a second experi-

ment with trains of 1-kHz tone bursts that had durations up

to 4000 ms. We focused here only on threshold measure-

ments because the mentioned probabilistic models can only

account for detectability. The continuing decrease of the 4-

Hz ELC can potentially be explained by the (informal)

reports from our listeners, noting that the trains of single

pressure pulses were becoming increasingly annoying with

duration. Loudness and annoyance have indeed been

reported to be highly related, especially for infrasound

(Andresen and Møller, 1984).

III. EXPERIMENT 2

A. Methods

Detection thresholds for pulse trains with repetition

rates (fr) of 4 and 32 Hz were measured as function of the

total pulse-train duration. Each pulse consisted of a 10-ms

Hanning-windowed tone, with a frequency of 1000 Hz.

Threshold was determined with a 2-AFC procedure similar

to experiment 1. Two sessions were run on different days,

each of them consisting of two threshold measurements for

each combination of repetition rate and duration. If these

two measurements differed by more than 3 dB, an additional

measurement was obtained still within the same session

(across all subjects and both sessions, this led to 13% of

additional measurements). For a given condition, no subject

required an additional measurement in more than one ses-

sion. Threshold was defined as the median of all four to five

measurements.

Detection thresholds were measured for pulse-train

durations of 250, 500, 1000, 2000, and 4000 ms; for

fr¼ 32 Hz a duration of 125 ms was added. No overall ramps

as in experiment 1 were used (e.g., the pulse train with

fr¼ 4 Hz and 1000-ms duration contained four full-

amplitude tone pulses) because here, the windowing of each

of the tone pulses reduced the spectral spatter.

The stimuli were produced by one of the miniature

speakers of an Etymotic ER10C system that was driven

directly by an RME Fireface 802 audio interface. Its micro-

phone was used for the in situ calibrations.

Experiment 2 was run at, and under the ethical approval

of Universidad de Las Am�ericas, in a double-walled sound

booth; six subjects participated, including one that partici-

pated in both experiments. All had normal hearing as

defined in experiment 1. Responses were collected via a

pushbutton with LEDs synchronized with the stimulus

intervals.

B. Results

Figure 5 shows the dependency of pulse-train detection

thresholds on stimulus duration obtained for fr¼ 4 and

32 Hz together with the respective thresholds for pure tones

obtained in experiment 1 (dashed grey lines) for compari-

son. These data show that the 4-Hz pulse-train thresholds

leveled off beyond the 500-ms duration. Although thresh-

olds kept decreasing slightly beyond 500 ms with approxi-

mately –1.5 dB/decade, the dB differences between 500 and

4000 ms were significantly smaller (F1,9¼ 11.9, p< 0.01)

than those observed for the 4-Hz infrasound-tone threshold

curves (that had a more than three times larger slope).

To further compare with results from experiment 1, Eq.

(1) was also fitted to the pulse-train data. The initial slopes

of mean thresholds below 500 ms were –7.7 and –10.2 dB/

decade for fr¼ 4 and 32 Hz, respectively (initial slopes for

the corresponding pure tones were �5.7 dB/decade and

�10.0 dB/decade, respectively). After 1000 ms, the 32-Hz

pulse-train thresholds showed a slight increase, which was

not significant (F1,10¼ 0.23, p¼ 0.64). Nonetheless, the

similarity in the initial slope between the 32-Hz pure-tone

and pulse-train threshold functions was remarkable, as was

the similarity in their time constant values (s: 362 and

308 ms, respectively). While the initial slopes of the 4-Hz

data differed to some extent (note, however, that the

FIG. 4. Average threshold (circles) and loudness data (triangles) as function

of stimulus duration, fitted with Eq. (1) describing a leaky-integrator

(threshold: solid lines; loudness: dashed lines; fit function is described in

Sec. II A 6). Threshold data are given in dB SPL, while loudness data have

been vertically shifted to be close above the respective threshold function

(with 1000 Hz positioned arbitrarily). Derived values for the initially linear

slopes are given above each fit. Note that as frequency decreases, slope esti-

mates should be regarded as increasingly vague approximations, due to

restriction in the minimum stimulus durations that could be tested. The inte-

gration time constant (s) of each fit is shown by a short vertical line (not

shown for the 4-Hz threshold fit, as s was here >5000 ms).
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minimum duration was shorter for the pulse-train stimulus),

the main difference was that the 4-Hz pulse train data lev-

elled off with a time constant of 408 ms that was comparable

to those found for the 32-Hz pulse train and tones �16 Hz.

IV. DISCUSSION

We set out to measure the dependency of threshold and

loudness on duration for ISLF tones, to establish whether

the temporal integration of these long-periodicity stimuli

works on larger time scales than in the already well-studied

frequency range above 100 Hz. A main outcome from this

experiment was that temporal integration for tones �16 Hz

does not substantially differ from that reported for higher

frequencies (see Sec. II C). However, the 4-Hz tone thresh-

old and ELC revealed significantly longer temporal integra-

tion for infrasound. In an attempt to explain this as a

potential effect of probabilistic detection of multiple

resolved pressure pulses (i.e., 4-Hz cycles), we measured

thresholds for pulse trains with repetition rates of 4 and

32 Hz in a subsequent experiment.

The average threshold difference between the 4- and

32-Hz pulse trains of just 5.1 dB was not in line with the 9-

dB increase in stimulus power, but was instead in agreement

with the theoretical 4.5 dB difference (3� 1.5 dB/doubling)

predicted for the 23 times larger number of events in the 32-

Hz pulse train compared to the 4-Hz pulse train. This result

was also consistent with the rate-dependence of thresholds

for constant-duration pulse trains reported by Heil et al.
(2017; see rate-dependence for the 794.56-ms duration in

their Fig. 7E), who used 3125-Hz tone pulses. However, the

thresholds for neither pulse rate continued to decrease

beyond 1000 ms with the theoretical slope of –5 dB/decade

(–1.5 dB/doubling), unlike those of the 4-Hz infrasound

tones. We conclude therefore that the multiple-event model

is unlikely to account for the continuing threshold decrease

observed with this infrasound stimulus.

At present time, reasons behind the continuing decrease

in the 4-Hz tone threshold and ELC, as well as up to which

duration they would continue to decrease, can only be spec-

ulated upon. One might argue that infrasound is detected by

the vestibular rather than the auditory system. But for three

reasons, we believe it is unlikely that the vestibular system

is involved in airborne infrasound detection: (1) In our long

experience with infrasound psychophysical measurements,

no subject has reported dizziness or imbalance, neither as a

threshold detection cue nor in response to higher levels used

for the ELC. (2) Jurado and Marquardt (2019) showed that

4-Hz tones even at � 90-phon loudness levels do not evoke

any significant (saccular) vestibular-evoked myogenic

potentials (VEMPs). (3) The fact that pink noise

(250� 4000 Hz) is able to mask 5- and 12-Hz tones (Burke

et al., 2019), is a clear indication that infrasound is detected

by the cochlea.

A further reason could be the differing perceptual qual-

ity of the 4-Hz tone. All subjects agreed that the non-tonal

character of infrasound made it harder to detect. Cues were

easily masked, or confused by periods of internal physiolog-

ical noise. Thus, a simple explanation could be that a period

of “physiological quietness,” during which infrasound can

be detected, is more likely the longer the presentation inter-

val is. On the other hand, many subjects also reported that,

when the adaptive procedure reached threshold levels, they

became often only aware of the 4-Hz “pressure pulses” dur-

ing the late part of the presentation (sometimes even by the

cessation of the stimulus), while the 16- and 32-Hz tones

could be usually recognized already at the onset by their

“humming” sound. Thus, it is possible that some detection

cues might build up over time, and this might similarly

underlie the observed decrease in the 4-Hz ELC. Salt et al.
(2013) measured in guinea pigs electrical potentials evoked

by (airborne) tones between 5 and 1000 Hz, and observed

especially strong responses to 5-Hz infrasound tones. These

potentials might underlie the perception of infrasound. Their

data show, however, no build-up over time (their Fig. 1).

V. CONCLUSION

Down to 16 Hz, the pattern of threshold and loudness

dependence on tone duration was broadly consistent with

FIG. 5. Individual (thin lines with individual markers) and mean (bold solid

lines) pulse-train thresholds as function of stimulus duration, obtained for

the pulse repetition rates of 4 and 32 Hz. For comparison, mean thresholds

for the 4- and 32-Hz ISLF tones are also shown (bold dashed lines; verti-

cally shifted so that they match the respective average pulse-train thresholds

at 500 ms). Note that markers do not refer to the same individuals as in

Figs. 1 and 2, excepting one subject (squares) that participated in both

experiments.
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that reported previously for frequencies in the lower-audio

frequency range (�100–1000 Hz), with critical durations

being much less than 1000 ms. At 4 Hz, however, ELCs and

thresholds continued to decrease for durations up to at least

2000 ms. It might therefore be necessary to choose even lon-

ger stimulus durations when determining the loudness and

detectability of infrasound. But this will require the develop-

ment and testing of methods using only one presentation

interval, as otherwise the durations of such experiments

would become excessive, especially if also frequencies

between 4 and 16 Hz are to be tested.

Although the auditory system temporally resolves the 4-

Hz cycles so that probabilistic detection models for multiple

events could potentially explain their detection, thresholds for

resolved trains of short 1-kHz tone pulses with a rate of 4 Hz

were not found to decrease for durations beyond 1000 ms.

Our finding might explain the differences amongst

reports on detection-threshold curves and ELCs as a func-

tion of frequency that extend into the infrasound range, par-

ticularly in the degree of flattening of the threshold curves

and ELCs below 15 Hz (see Møller and Pedersen, 2004, for

a review). Inconsistencies may here be partly produced by

differences in stimulus durations.
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