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The lower limit of pitch (LLP) perception was explored for pure tones, sinusoidally amplitude-modulated
(SAM) tones with a carrier frequency of 125 Hz, and trains of 125-Hz tone pips, using an adaptive procedure
to estimate the lowest repetition rate for which a tonal/humming quality was heard. The LLP was similar for
the three stimulus types, averaging 19 Hz. There were marked individual differences, which were correlated to
some extent across stimulus types. The pure-tone stimuli contained a single resolved harmonic, whereas the
SAM tones and tone-pip trains contained only unresolved components, whose frequencies did not necessarily
form a harmonic series. The similarity of the LLP across stimulus types suggests that the LLP is determined
by the repetition period of the sound for pure tones, and the envelope repetition period for complex stimuli.
The results are consistent with the idea that the LLP is determined by a periodicity analysis in the auditory
system, and that the longest time interval between waveform or envelope peaks for which this analysis can be
performed is approximately 53 ms.
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1. Introduction

Vibrating objects often produce periodic complex
sounds whose spectra are composed of a fundamen-
tal frequency (F0) and several higher-order harmo-
nics. The perceived pitch of a complex sound usually
corresponds to its F0, even when the component at
F0 is physically absent (Seebeck, 1841). Pitch can
be perceived for a wide range of F0s, although for
high F0s the pitch percept is dominated by the funda-
mental component, rather than the higher harmonics
(Plomp, 1967). The lowest F0 for which a pitch can
be heard has been explored using both direct judg-
ments of pitch (Ritsma, 1962; Guttman, Pruzan-
sky, 1962) and discrimination tasks, such as F0 dis-
crimination (Krumbholz et al., 2000) and melody
discrimination (Pressnitzer et al., 2001). The lower
limit for pitch (LLP) has been found to correspond to
F0s of 19 to 30 Hz. Most previous studies have used

periodic complex tones as stimuli, with spectral com-
ponents that seldom cover the frequency range below
200 Hz. Here, the LLP was explored using an adaptive
task estimating the lowest repetition rate for which
a tonal/humming quality was heard for three types of
stimuli: pure tones, sinusoidally amplitude-modulated
(SAM) tones with a carrier frequency of 125 Hz, and
trains of 125-Hz tone pips.

Pitch perception plays a key role in understand-
ing the environment (in speaker recognition: Atal,
1972; Shen, Souza, 2017; in auditory source segre-
gation: de Cheveigné, 1997; Oxenham, 2008), and
perhaps unsurprisingly a pitch corresponding to F0
also occurs for non-human species (see e.g. Walker
et al., 2009; Hoeschele, 2017). The rich literature
on human pitch perception has revealed the complexi-
ties of the phenomenon, which is influenced by factors
such as the frequency range of the harmonics (Ritsma,
1962; Krumbholz et al., 2000), the relative amplitude
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and resolvability of the harmonics (e.g. Shackleton,
Carlyon, 1994; Moore, Gockel, 2011), the rela-
tive phases of the harmonics (e.g. Patterson, 1987;
Pressnitzer et al., 2001), the sound’s temporal enve-
lope and temporal-fine structure (e.g. Moore, 2008,
2019; Santurette, Dau, 2011) and the peak fac-
tor of the waveform (e.g. Pressnitzer et al., 2001;
Jackson, Moore, 2013). These factors are consis-
tent with the idea that the auditory system per-
forms a spectro-temporal analysis to determine pitch
(Meddis, O’Mard, 1997; Shamma, Dutta, 2019).

The present paper is concerned with the LLP, the
lowest repetition rate of sound that can convey a sen-
sation of pitch. Complex sounds with very low repe-
tition rates, such as 5 Hz, are perceived as strongly
fluctuating, with a quality sometimes called fluctua-
tion strength (Fastl, 1983) or flutter (Krumbholz
et al., 2000), and do not have a clear pitch (Warren,
Bashford, 1981). If the repetition rate is gradually
increased, the perceptibility of the individual fluctu-
ations tends to decrease, the percept becomes more
“smooth”, and eventually a tonal quality, a pitch, is
perceived. Ritsma (1962) explored the “existence re-
gion” for pitch using SAM tones with a wide range of
F0s and carrier frequencies. He showed that the low-
est F0 that evoked a pitch depended on the carrier fre-
quency; higher-frequency carriers required a higher F0.
Hereafter in this paper, the term LLP is used to refer
to the lowest F0 at which a pitch can be heard for
a given frequency region of the harmonics. The term
overall LLP (OLLP) is used to refer to the lowest F0
at which a pitch can be heard when the frequency re-
gion of the harmonics is chosen to give the lowest LLP
across the range of hearing.

Ritsma (1962) estimated an OLLP of about 50 Hz,
based on the results for the lowest carrier frequency
tested, which was 300 Hz. Guttman and Pruzan-
sky (1962) estimated a lower OLLP of 19 Hz, using
short periodic tone pulses whose spectral energy was
reported to be audible for frequencies down to 130 Hz.
In agreement with the latter authors, Warren and
Bashford (1981) estimated the OLLP to be 20 Hz,
using repeating segments of broadband noise. Press-
nitzer et al. (2001) evaluated the LLP with a melody-
discrimination task, using harmonic complexes filtered
with different high-pass cutoff frequencies. For their
lowest high-pass cutoff frequency of 200 Hz they ob-
served an OLLP of 30 Hz when the harmonic phases
were chosen to give a single clear waveform peak per
period. They also used an alternating-phase condition
for which the envelope repetition rate was 2F0. For
this, the mean data showed an average OLLP corre-
sponding to an F0 of about 24 Hz, with one of their
three subjects showing an OLLP < 20 Hz (see Fig. 2
ibidem).

Other studies have evaluated pitch perception
through F0-discrimination thresholds (F0DLs; Cul-

len, Long, 1986; Shackleton, Carlyon, 1994;
Krumbholz et al., 2000; Mehta, Oxenham, 2020).
These studies have shown that when the F0 is de-
creased below the LLP, the F0DL increases sharply,
although plateaus in the F0DL are reached for F0s
well above and well below the LLP. The LLP inferred
from the transition region decreases with decreasing
center frequency of the stimuli (Krumbholz et al.,
2000). The F0DLs of Krumbholz et al. (2000) sug-
gested an OLLP of about 30 Hz for a harmonic com-
plex with a lower cut-off frequency of 200 Hz. Mehta
and Oxenham (2020) determined F0DLs for harmonic
complexes with a wide F0 range (30–2000 Hz). They
randomly varied the rank (N) of the lowest harmonic
present, to discourage F0 discrimination based on the
frequency change of the lowest harmonic. For the low-
est F0 used, the F0DL was rather large (about 8%),
and decreased (improved) slightly with increasing N ,
in contrast to the results for higher F0s, for which the
F0DLs increased (worsened) with increasing N . The
large F0DLs and different effect of N for the F0 of
30 Hz may have been a consequence of all of the har-
monics being unresolved (Moore, Gockel, 2011),
even for the lowest value of N , which was 4.5 on aver-
age. However, it seems clear that a pitch was heard for
F0 = 30 Hz, indicating that the OLLP is at or below
30 Hz.

Jackson and Moore (2013) determined F0DLs
for a group of harmonics (group B) embedded in
a group of fixed non-overlapping harmonics (group A)
with the same mean F0. They used F0s of 50, 100,
and 200 Hz, and the rank (N) of the lowest harmonic
in group B was varied from 1 to 15. When all of the
harmonics had the same level, F0DLs for F0 = 50 Hz
increased as N was increased from 5 to 7, in agree-
ment with most of the data described above. However,
in one of their conditions, the level of each compo-
nent was set to give a loudness level of 40 phon (see
Fig. 5 in (Jackson, Moore, 2013)). In this condition,
performance was best when N = 1, which was proba-
bly also their only condition with a resolved harmonic.
Performance worsened as N was increased up to about
5 and then reached a plateau. However, performance
was much worse when the harmonics had equal loud-
ness levels than when they had equal levels. Jackson
and Moore suggested that increasing the relative lev-
els of the lowest harmonics (to make their loudness
the same as for the higher harmonics) had the effect of
partially masking potentially useful information car-
ried by the higher harmonics. Overall, these results
suggest that the sensation level and/or loudness of the
lowest harmonics plays an important role in F0 dis-
crimination for low F0s. Due to the steep frequency
dependence of sound transmission through the mid-
dle ear to the cochlea for frequencies below 100 Hz
(Marquardt et al., 2007; Jurado, Marquardt,
2016), the relative and absolute levels of the individual
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components may also play an important role in deter-
mining the OLLP.

In the present study, the OLLP was estimated us-
ing pure tones with frequencies from 3 to 40 Hz. To
the knowledge of the authors, pure tones with fre-
quencies well down into the infrasound range have
not previously been used to estimate the LLP. The
use of pure tones was considered advantageous as it
avoids possible effects of the relative levels of the com-
ponents in complex tones (as observed by Jackson
and Moore, 2013). Also, a pure tone may be regarded
as an extreme example of a sound that contains a re-
solved harmonic. To evaluate whether the LLP is sim-
ilar for pure tones and for complex low-frequency sti-
muli, SAM tones (with modulation frequency fm) and
tone-pip trains (with repetition rate frep), both with
a 125-Hz carrier, were also used as stimuli. These were
chosen to have a carrier frequency (fc) below what has
been typically used in previous studies determining the
OLLP, which might lead to lower values of the OLLP.

2. Method

2.1. Stimuli

To minimize potential effects of temporal integra-
tion when using pure tones whose frequencies (f) could
fall well in the infrasound range (see Jurado et al.,
2020), while not making the experiment excessively
long, all stimuli had an overall duration of 3000 ms.
Figure 1 shows example waveforms of the three stim-
ulus types and their spectra. The value of f , fm or
frep was varied over the range 3–40 Hz, based on pilot
tests indicating that the OLLP was within this range.

Fig. 1. Examples of the first 1-s of the waveforms of the stimuli (left) and their spectra (right). The stimulus types were:
a) pure tones; b) SAM tones with a 125-Hz carrier; c) 125-Hz tone-pip trains. In the right panel, the spectral component
with the highest level was set to 0 dB for ease in visualization. In this example, all stimuli had a repetition rate of 10 Hz.

All stimuli were presented monaurally to the subject’s
right ear.

2.1.1. Pure tones

The levels of the pure tones were set to give a loud-
ness level of 65 phon, based on ISO-226 (2003) for
f ≥ 20 Hz and on Møller and Pedersen (2004)
for f < 20 Hz (both interpolated). This loudness level
was chosen as it ensured audibility for all subjects,
taking into account the relatively large individual dif-
ferences in sensitivity that have been observed in the
infrasound range (Kühler et al., 2015; Jurado et al.,
2020). The pure tones had 0.2-s cosine-squared ramps
at the start and end and a 2.6-s steady portion. The
value of f was varied according to the procedure de-
scribed in Subsec. 2.3. To maintain the desired loud-
ness level, the sound pressure level (SPL) was updated
each time f was changed.

2.1.2. SAM tones

The SAM tones had a modulation depth of 100%
and fc = 125 Hz. No onset/offset ramps were applied
apart from those inherent in the SAM. The value of fm
was varied in the procedure. The peak level of the SAM
tones was set to 82.2 dB pSPL, which corresponds to
the peak level of a 125-Hz pure tone at a 65-phon loud-
ness level according to ISO-226 (2003; interpolated).

2.1.3. Tone-pip trains

Each tone pip was a 24-ms Hanning-windowed
sinusoid. No onset/offset ramps were applied apart
from those inherent in the Hanning window. The value
of fc was 125 Hz. The value of frep was varied in the
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procedure. The peak level of each tone pip was 82.2 dB
pSPL, the same as for the SAM tones.

It should be noted that, unlike the complex sounds
used in most previous studies of the LLP, the SAM
tones and tone-pip trains did not usually have spectra
corresponding to a simple harmonic series, since the
values of fm and frep were not constrained to be integer
sub-multiples of fc. It was anticipated that the lack
of harmonicity would not have a material effect, since
the perception of pitch for complex sounds with very
low-frequency components appears to be determined
mainly by the envelope repetition rate rather than by
the harmonic structure or the temporal fine structure
(Krumbholz et al., 2000; Pressnitzer et al., 2001;
Moore et al., 2009).

2.2. Apparatus

2.2.1. Set up

Digital signals were generated in MATLAB (The
MathWorks, Inc., Natick, MA), with a sampling rate
of 48 kHz and a precision of 24 bits, and were con-
verted from digital to analog form using a Fireface-
802 soundcard (RME Audio, Haimhausen, Germany).
One of the soundcard’s line outputs was connected to
the miniature receiver of an ER10C measurement sys-
tem (Etymotic Research, Elk Grove Village, IL), which
was used to generate the pip-train and SAM stimuli.
To play back the pure tones, the headphone output
of the soundcard was used to drive a DA270-8 10-
inch aluminum-cone subwoofer (Dayton Audio, OH).
To enhance its low-frequency response, the loudspeaker
cone was enclosed tightly by an acrylic cover, so that
air-volume changes produced by the loudspeaker dis-
placement could be efficiently transformed into pres-
sure variations (Kinsler et al., 1999, Chapter 5). The
acrylic cover had a small hole where a silicon tube
was inserted (0.8 m in length, ∼0.7 mm inner diam-
eter). The other end of the tube terminated in the
subject’s right ear canal via a tightly fitted pierced
earplug (Etymotic ER10C-14A, B or C depending on
ear-canal size). The same earplug, with its miniature
tubes for the ER10C microphone and receivers, was
used for in-situ calibration of both sound sources (de-
scribed in Subsec. 2.2.3). Subjects were tested in an au-
diometric cabin, within a double-walled sound-isolated
room of the Acoustics Laboratory at Universidad de
Las Américas.

2.2.2. Harmonic distortion

The levels of the 2nd, 3rd and 4th harmonics pro-
duced by distortion were measured for the sinusoidal
stimuli with f ≤ 40 Hz, and with the level set to give
a loudness level of 65 phon, as used in the experi-
ment (harmonics above the 4th had much lower rela-
tive levels). These measurements were performed with

a 2.5-Hz resolution. For f ≥ 7.5 Hz, harmonic levels
were below the hearing threshold (at 7.5 Hz the levels
of the 2nd, 3rd and 4th harmonics reached 55.8, 61.8
and 39.1 dB SPL, respectively, which are below the
detection threshold according toMøller and Peder-
sen, 2004, for frequencies < 20 Hz and ISO-226, 2003,
for frequencies above that). However, below 7.5 Hz, the
relative levels of the harmonics increased so that if pre-
sented at 65 phon, the harmonics (alone) would have
been audible. For f ≤ 7.5 Hz, the tones were presented
at a level corresponding to a loudness level of 40 phon.
This made it possible to maintain the harmonic levels
below the detection threshold. The difference in loud-
ness level for frequencies below and above 7.5 Hz meant
that there was an abrupt change in level when the fre-
quency was varied from below to above 7.5 Hz, or vice
versa. However, frequencies below 7.5 Hz were seldom
reached during the adaptive procedure (Subsec. 2.3),
since they were well below the OLLPs.

2.2.3. Sound calibration

Calibration consisted of two parts: (a) a reference
equipment calibration and (b) in situ calibrations.
In (a), a GRAS (Holte, Denmark) 46AZ 0.5-inch micro-
phone set (flat response down to 1 Hz), connected to an
input of the RME soundcard, was placed at one end of
a 1.3 cm3 cavity. The probe of the ER10C system with
an earplug was tightly fitted at the other end. Using
white noise (20-s long) and frequency domain deconvo-
lution, the transfer function of the ER10C microphone
and that of one of the ER10C receivers was obtained.
The white noise signal was divided into 50 segments
of 0.4-second duration (2.5-Hz resolution), which were
averaged to improve the signal-to-noise ratio (SNR) of
the recording. After compensating for its response, the
ER10C microphone was used to measure the transfer
function of the subwoofer sound source and ER10C
receiver. To define the responses on an absolute SPL
scale, a reference sound signal (1000 Hz at 94 dB SPL)
from a sound calibrator (CESVA CB006) was recorded
with the GRAS microphone.

In (b), a similar procedure was used to measure
the transfer functions of both sound sources with the
ER10C microphone, but now with the probe placed
in the subject’s ear canal. To avoid deleterious effects
of physiological noise (e.g. from breathing strongly or
moving abruptly) on the in-situ measurements, a time-
domain artifact rejection routine was implemented.
Here, segments of the recording that had a power more
than 3 median-scaled absolute deviations from the me-
dian power, were discarded (Burke, 1998). The re-
maining segments were weighted averaged to improve
the SNR (Hoke et al., 1984). If more than 20% of the
segments had to be discarded, the measurement was
repeated. Based on the difference between the com-
plex spectra of the in-situ and reference calibrations,
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frequency-dependent multiplying factors were applied
to the electrical signals so that the desired SPLs at
specified frequencies were reached in the ear canal.
Levels were confirmed with a CESVA SC310 sound-
level meter, with its 1/2 inch microphone placed in the
1.3 cm3 cavity. These were within 1.2 dB of the ex-
pected levels. More detail of these calibration proce-
dures can be found in Marquardt et al. (2007) and
Jurado et al. (2017).

The in-situ calibrations were repeated after about
every second run of the procedure, to check that the
probe was correctly fitted.

2.3. Procedure

All subjects received 2 hours of training (at most 3
days prior to the main experiment). Before commenc-
ing, each subject confirmed that they could hear a 5-Hz
tone with a loudness level of 40 phon and a 40-Hz tone
with a loudness level of 65 phon, presented in sequence,
each 4-s long. As these stimuli also served as examples
of “extreme cases”, this initial presentation was also
done when testing with the 125-Hz SAM and 125-Hz
pip-train stimuli. The three stimulus types were pre-
sented in random order in a single session, lasting up
to about 2.5 hours in total, including regular breaks to
maintain focus.

An adaptive 1-up 1-down procedure was used.
The subject was instructed to focus on the tonal or
“humming-like” quality of the sound, and to press the
left of two buttons if the sinusoid was perceived to
have a tonal/hum-like quality (which decreased the fre-
quency or repetition rate for the next presentation), or
to press the right button otherwise (which increased
the frequency for the next presentation). The proce-
dure started with the highest frequency of 40 Hz, based
on pilot tests showing that this frequency was well
above the OLLP for all stimuli. The subject was in-
structed to scan the “transition region”, thereby cross-
ing the OLLP in both directions. This was done by first
reducing the frequency until the tonal/humming quali-
ty was definitely lost and then increasing the frequen-
cy until a distinct tone-like quality was again heard.
Later, the subject was asked to continue scanning the
transition region but within a finer frequency range,
in this manner slightly crossing their OLLP in both
directions.

The initial step size of 6 Hz was decreased to 3 Hz
after two reversals and further decreased to 1 Hz after
two more reversals, where it remained. The procedure
stopped after 12 reversals were obtained. The OLLP
was defined as the average frequency at the last 6 re-
versals. Two runs were obtained for each stimulus type,
and if these differed by more than an amount ∆ [Hz],
a third run was obtained. The OLLP frequency for that
condition was defined as the average of the two or three
estimates. The value of ∆ was based on the absolute

differences between the 1st- and 2nd-run OLLP esti-
mates averaged across all conditions and subjects up to
that point in the experiment (at the start, data from pi-
lot tests from three participants were used). The distri-
bution of these differences was used to determine out-
lier values, indicating insufficient reproducibility based
only on two runs. The value of ∆ was taken as the
third quartile plus 1.5 times the interquartile range
(Tukey, 1977). This estimate was updated as the ex-
periment progressed. By the end of the experiment,
∆ was 3.3 Hz.

If within the task subjects were uncertain as to
what to listen for, they could press a middle but-
ton to listen to the 40-Hz stimulus (of the corre-
sponding stimulus type), that served as an example
of a “tonal/humming” sound with a pitch. Following
this, the procedure continued as usual. This feature
was included after pilot tests, where it was found that
it helped to refresh the subject’s memory as to what
sound quality was sought, especially after having lis-
tened to several stimuli around the OLLP. Participants
were instructed to use this feature only when really
necessary, to avoid turning the procedure into a com-
parison with the 40-Hz stimulus. The percentage of
times per run (i.e. the number of middle-button presses
divided by the number of trials for a run) for which this
feature was used was recorded for each subject. Across
all subjects and stimulus types, this percentage was on
average 6%, with a minimum of 0% (did not require
the feature) and a maximum of 22%.

The procedure was implemented with custom-made
scripts in MATLAB, and a graphical-user interface was
used to monitor responses. The in-situ sound calibra-
tion levels were also monitored (see Subsec. 2.2.3).

2.4. Subjects

Eight subjects (1 female, 7 male), aged 25–43 yr
(mean = 34 yr), participated. Their hearing thresh-
olds were less than 15 dB hearing level (HL) over the
range 125–4000 Hz, as assessed using standard audiom-
etry (British Society of Audiology, 2018). To ensure
normal sensitivity to low-frequency sounds, subjects
underwent tympanometry; all had normal middle-ear
pressure (between −20 and +20 daPA). Also the detec-
tion threshold for a 20-Hz pure tone with a 1000-ms
duration was measured, using a two-alternative forced-
choice adaptive procedure. All thresholds were ≤16 dB
HL relative to the threshold specified in ISO-226, 2003,
corrected by +3 dB to account for monaural listening.
The experiment was approved by the Research Ethical
Committee of Universidad de Las Américas.

3. Results

The individual and mean OLLPs are shown in
Fig. 2. The average OLLPs (with across-subject SDs
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Fig. 2. Individual OLLP values (small symbols) and mean
values (large circles) for pure tones, 125-Hz SAM tones and
125-Hz tone pips. The ordinate spans the frequency range
used in the procedure. Error bars show the SDs of the re-
petition rates at the last six turnpoints, averaged across

subjects and all runs for that condition.

in parentheses) were 18.9 (3.4), 17.9 (3.5), and 21.0
(3.1) Hz for pure tones, 125-Hz SAM tones, and 125-Hz
pip trains, respectively. A one-way analysis of variance
was performed on the OLLPs, with stimulus type as
factor. There was no significant effect of stimulus type
(F2,21 = 1.79, p = 0.19). The average LLP across all
conditions was 19.3 Hz. To provide a measure of how
much subjects changed the stimulus frequency around
the LLP in the adaptive procedure, the error bars in
Fig. 2 show the SD of the frequencies at the last 6 turn-
points, averaged across all runs and subjects. This “un-
certainty range” was about ±2 Hz, a reasonably small
proportion of the frequency span evaluated in the pro-
cedure and smaller than the across-subject SDs.

The OLLPs for the three stimulus types were po-
sitively correlated across subjects, with Pearson coeffi-
cients r ≥ 0.36. However, only the correlation between
OLLPs for the pure tones and SAM tones was signifi-
cant (r = 0.77, p < 0.05).

4. Discussion

4.1. Comparison with previous work

The OLLPs found here for the complex stimuli are
similar to that obtained by Guttman and Pruzan-
sky (1962) for short periodic tone pulses whose spec-
tral energy was reported to be audible for frequencies
down to 130 Hz. The OLLP found here is also similar
to that reported by Warren and Bashford (1981)
for periodic broadband noise segments. Since the stim-
uli of Warren and Bashford were periodic, and had
spectral components that formed a harmonic series,
while our SAM and tone-pip trains and the stimuli

of Guttman and Pruzansky had spectra that usually
did not form a harmonic series, it seems likely that
the OLLP for complex sounds is not determined by
whether or not the stimuli have a harmonic structure;
rather, the envelope repetition rate is the determining
factor.

The OLLP found here for the complex stimuli is
lower than the OLLP of about 30 Hz found by Krumb-
holz et al. (2000) using an F0 discrimination task
and by Pressnitzer et al. (2001) using a melody-
discrimination task. The discrepancy may be related to
the different tasks and criteria used. The discrepancy
may also be related to the fact that the stimuli used
by Krumbholz et al. (2000) and by Pressnitzer
et al. (2001) were highpass filtered, and the lowest cut
off frequency used by them was 200 Hz. Our stimuli,
and those of Guttman and Pruzansky (1962) and
Warren and Bashford (1981), contained frequency
components extending down to lower frequencies. It
seems likely that the lowest OLLP is obtained when the
stimuli contain very low-frequency components, below
200 Hz.

4.2. The role of resolvability

The pure-tone stimuli used here may be considered
as containing a single resolved harmonic. We consider
next whether the other stimuli used here contained any
resolved components. The components in a complex
sound need to be separated by about 1.25ERBN for
them to be “heard out” or resolved with 75% accu-
racy (Plomp, 1964; Moore, Ohgushi, 1993; Moore
et al., 2006), where ERBN is the average value of
the equivalent rectangular bandwidth of the auditory
filter for listeners with normal hearing (Glasberg,
Moore, 1990). If the components are separated by
less than 1ERBN they may be regarded as completely
unresolved. In the region of the OLLP, the lowest
harmonic in the SAM stimuli would have had a fre-
quency close to (125 − 18) Hz = 107 Hz. The value
of ERBN for a center frequency of 107 Hz is about
36 Hz (Glasberg, Moore, 1990; Jurado, Moore,
2010). Hence, the components were separated by about
0.5ERBN and would have been completely unresolved.
The tone-pip trains had spectra extending down to
about 50 Hz. However, even for these stimuli, it is
likely that all components were unresolved. Consider-
ing only cochlear processes (including the helicotrema
shunt mechanism below about 40 Hz, but excluding
the middle-ear “fixed” high-pass filter), the ERB of the
auditory filter centered at 50 Hz was estimated by Ju-
rado and Moore (2010) and Jurado et al. (2011)
to be 26.5 Hz (this is also the narrowest bandwidth
of any auditory filter, so it will be called ERBMIN in
the following). Hence, in the region of the OLLP all
components would have been separated by less than
0.79ERBN, and again would have been completely un-
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resolved. The OLLP was very similar for the three
types of stimuli, suggesting that the OLLP does not de-
pend on whether or not resolved harmonics are present.
Rather, the OLLP seems to be determined by the rep-
etition rate of the waveform for the pure tones and of
the envelopes for the complex stimuli.

4.3. Possible factors determining the OLLP

4.3.1. Measurement of time delays by the auditory sys-
tem

Given that the OLLP seems to be determined
by the repetition rate of the sounds, it seems plau-
sible that the OLLP is limited at least partly by
the longest time interval that can be measured ac-
curately by the auditory system. This was argued
previously by Krumbholz et al. (2000) and Press-
nitzer et al. (2001). For our data, this limiting time
interval is about 53 ms. Yrttiaho et al. (2008) pro-
vided physiological evidence for such a limit. They
measured auditory cortical responses to vowels us-
ing magnetoencephalography, for F0 values between 9
and 113 Hz. The auditory-evoked field (AEF) N1m re-
sponse latency increased monotonically with decreas-
ing F0 down to 19 Hz (see Fig. 4, right-hand pan-
els, in (Yrttiaho et al., 2008)). Below 19 Hz, this
trend broke down and the response waveform resem-
bled the shape of cascaded “transient N1m-like” re-
sponses. They interpreted this result as reflecting the
limited capability of the auditory system to extract pe-
riodicity from the sound and suggested that the tran-
sition point reflects the OLLP. Our average OLLP of
19 Hz fits very well with the transition in N1m re-
sponses that they found.

It should be noted that the AEFs recorded by
Yrttiaho et al. (2008) tended to increase in ampli-
tude with decreasing F0. This trend is also appar-
ent in the frequency-following responses (FFRs) de-
scribed by Tichko and Skoe (2017; using triangular
waves with frequencies down to F0 = 16.4 Hz) and has
also been observed for FFRs to infrasonic and low-
frequency pure tones, as used here (Jurado, Mar-
quardt, 2020). It seems likely that response latency
is a neural correlate of pitch but response amplitude
is not; rather response amplitude probably depends
on the degree of synchronization across various neu-
ral generators in the auditory pathway (Dau, 2003;
Tichko, Skoe, 2017; Jurado, Marquardt, 2020).

Moore (1982) proposed that there was a limit to
the range of inter-spike intervals in the auditory nerve
that could be measured by the auditory system. This
limit was assumed to be inversely proportional to the
characteristic frequency (CF). Such a mechanism can
account for the finding that the LLP varies with the
frequency region of the harmonics. It can also account
for why F0 discrimination is generally better when
low-rank harmonics are present than when only high-

rank harmonics are present (Bernstein, Oxenham,
2005). De Cheveigné and Pressnitzer (2006) pro-
posed a mechanism by which a CF-dependent limit
in the range of measurable time intervals might arise.
They assumed that the durations of the impulse re-
sponses of the cochlear filters were inversely propor-
tional to the filter bandwidths (as is the case for e.g.
Gammatone filters; Carney, Yin, 1988). They also
assumed that the phase at the output of each auditory
filter could be adjusted by an amount that was propor-
tional to frequency, and that a weighted sum of these
shifted outputs could be performed. This gave what
they called “synthetic delays”. The delays could be used
to perform periodicity analysis via a mechanism such
as autocorrelation. The maximum synthetic delay is
inversely proportional to the filter bandwidth, which
can account for the center-frequency dependence of the
LLP. The longest possible delay is limited by the dura-
tion of the impulse response of the auditory filter with
the lowest center frequency, and this determines the
OLLP. According to this theory, based on the OLLP
measured here, the impulse response of the “bottom”
auditory filter should last about 53 ms. This seems rea-
sonable given that the lowest auditory filter has a cen-
ter frequency of about 50 Hz and an ERB of 26.5 Hz
(the ERBMIN ; from the “composite-cases” of Jurado
and Moore, 2010, and Jurado et al., 2011, i.e. band-
width estimates reflecting cochlear processes).

4.3.2. Limitations on template formation

The internal representation of complex sounds with
F0 < ERBMIN is limited in two ways relative to that
for sounds with higher F0s. Firstly, since the harmo-
nics are separated by less than ERBMIN, the excitation
pattern will not display clear peaks and dips corre-
sponding to the frequencies of the individual harmon-
ics; the place representation of the spectrum will be
degraded. Secondly, the patterns of phase locking will
always reflect the interaction of two or more harmo-
nics, rather than the frequencies of individual har-
monics; the temporal representation of the spectrum
will also be degraded. Several models of pitch pre-
dict that a complex tone will have a clear pitch when
there are place and temporal representations of the fre-
quencies of individual harmonics (Moore, 1982;Med-
dis, O’Mard, 1997; Bernstein, Oxenham, 2005;
Shamma, Dutta, 2019). When such representations
are lacking, the pitch may be extracted from the tem-
poral fine structure of the response to unresolved har-
monics if their harmonic number is below about 14–16
(Moore, Moore, 2003; Moore et al., 2006a; 2009),
or from the repetition rate of the temporal envelope,
but this gives a less clear pitch.

It may be the case that the pitch of complex sounds
is usually extracted using templates that are built up
via exposure to sounds for which there are place and
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temporal representations of the frequencies of individ-
ual components (Terhardt, 1974; Gerson, Gold-
stein, 1978; Moore, 1982; Meddis, O’Mard, 1997;
Bernstein, Oxenham, 2005; Shamma, Dutta,
2019). Once formed, these templates can also extract
pitch from unresolved harmonics, albeit less precisely
(Shamma, Dutta, 2019). For complex sounds with
F0 < ERBMIN, the templates may not form properly,
because of the degraded spectro-temporal representa-
tion of the harmonics. This is analogous to a neural
network that has not been trained adequately (see e.g.
Han, Wang, 2014; Drugman et al., 2018, for ex-
amples of machine-learning approaches that rely on
well-defined spectral information for pitch extraction).
Studies of infants are consistent with the idea that the
formation of templates based on spectro-temporal in-
formation is involved in pitch perception. Specifically,
the cortical representation of the missing fundamen-
tal resembles that for adults once the infant reaches
3–4 months of age (He, Trainor, 2009), and this
is about the same age as when frequency resolution
reaches adult levels (Spetner, Olsho, 1990).

4.3.3. Minimum overlap with the frequency range
of information-bearing modulations

There may be evolutionary factors that have influ-
enced the OLLP. Most human and animal communica-
tion sounds are characterized by relatively slow enve-
lope fluctuations (for examples of the latter, see Singh
and Theunissen, 2003; Koumura et al., 2019). For
speech, periodic envelope fluctuations associated with
the F0 convey information about the rate of vocal fold
vibration, whereas the mostly non-periodic low-rate

Fig. 3. Lowest-note F0 (Hz) of various musical instruments (squares). The shaded area shows ± 1 SD of the individual
LLP values about the mean (dashed line).

envelope fluctuations convey information about vocal-
tract shape and movement. Most energy in the mod-
ulation spectrum of speech falls at frequencies below
20–30 Hz (Plomp, 1983; Kanedera et al., 1999; El-
liott, Theunissen, 2009; Varnet et al., 2017). Also,
very slow amplitude modulations (up to 20–40 Hz)
convey the most important information for intelligibi-
lity (Drullman et al., 1994; Kanedera et al., 1999;
Elliott, Theunissen, 2009). Usually, the range of
F0s in human voices does not overlap with the modu-
lation rates conveying information about vocal-tract
shape and movement, making it easy for the audi-
tory system to dissociate the two. Pitch perception
may have evolved in such a way that pitch is not per-
ceived for F0s that fall in the range of the most im-
portant species-specific modulation frequencies. Con-
sistent with this idea, Joly et al. (2014) presented ev-
idence that the OLLP for Rhesus Macaques is about
30 Hz, and, according to data on the same species col-
lected by Fukushima et al. (2015), this lies just above
the most prominent range of modulation frequencies
present in their vocal calls (see Fig. 4 in (Fukushima
et al., 2015)).

4.4. Comparison of OLLPs and the lowest F0s
of musical instruments

It is of interest to compare our OLLPs with the
F0s of the lowest notes that can be played by different
musical instruments. Figure 3 shows examples of
these (many of these data were taken from: “Logos
Foundation – Instrument frequencies and ranges,”
2016) together with the mean ± 1 SD of the OLLP
values. Only a few rare instruments are capable of pro-
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ducing F0s below the range of the OLLPs measured
here. It is not clear whether the makers of instruments
such as the Octocontrabass clarinet thought that the
lowest notes would evoke a pitch or whether they sim-
ply wanted to make an instrument that would produce
extremely low notes, regardless of how they were per-
ceived. In any case, it seems clear that most instru-
ments that are in common use have lower F0 limits
that are above the OLLP.

5. Conclusions

The overall lowest repetition rate for which sound
can still convey a sensation of pitch was evaluated for
pure tones, 125-Hz SAM tones and 125-Hz tone-pip
trains. The OLLP had a mean value of 19 Hz and was
similar for the three stimulus types. The results suggest
that the OLLP is determined by the waveform repe-
tition period for the pure tones and the envelope re-
petition period for the 125-Hz carrier stimuli. This is
consistent with the idea that the OLLP is determined
by the longest time interval that can be measured ac-
curately by the auditory system, and that this interval
is about 53 ms.

Given that the LLP for complex stimuli decreases
as the frequencies of the lowest components in the
stimuli decrease (Ritsma, 1962; Krumbholz et al.,
2000; Pressnitzer et al., 2001), the common OLLP
observed for our stimuli, which included pure tones
with frequencies down to the infrasound range, sug-
gests that the OLLP found here corresponds to the
lowest LLP across the human hearing range.
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