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Informational masking of speech by time-varying competitors:
Effects of frequency region and number of interfering formants
Brian Robertsa) and Robert J. Summers
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This study explored the extent to which informational masking of speech depends on the frequency region and number of extraneous formants in an interferer. Target formants—monotonized
three-formant (F1þF2þF3) analogues of natural sentences—were presented monaurally, with target ear assigned randomly on each trial. Interferers were presented contralaterally. In experiment
1, single-formant interferers were created using the time-reversed F2 frequency contour and constant amplitude, root-mean-square (RMS)-matched to F2. Interferer center frequency was matched
to that of F1, F2, or F3, while maintaining the extent of formant-frequency variation (depth) on a
log scale. Adding an interferer lowered intelligibility; the effect of frequency region was small
and broadly tuned around F2. In experiment 2, interferers comprised either one formant (F1, the
most intense) or all three, created using the time-reversed frequency contours of the corresponding
targets and RMS-matched constant amplitudes. Interferer formant-frequency variation was scaled
to 0%, 50%, or 100% of the original depth. Increasing the depth of formant-frequency variation
and number of formants in the interferer had independent and additive effects. These findings suggest that the impact on intelligibility depends primarily on the overall extent of frequency variation in each interfering formant (up to 100% depth) and the number of extraneous formants.
C 2018 Author(s). All article content, except where otherwise noted, is licensed under a Creative
V
Commons Attribution (CC BY) license (http://creativecommons.org/licenses/by/4.0/).
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I. INTRODUCTION

An important requirement for successful communication
in the auditory scenes often encountered in everyday life is
the ability of the listener to attend to the speech of the talker
despite the presence of interfering sounds, including other
speech (Cherry, 1953; see Bregman, 1990; Darwin, 2008).
The interference produced by these sounds can be considered to fall into three categories. The first is energetic masking, in which the auditory-nerve response to the key acoustic
features of the target speech is swamped by the response to
other concurrent sounds. The second is modulation masking,
in which amplitude variation in the interferer lowers sensitivity to similar rates of variation in the target (e.g., Stone
et al., 2012; Stone and Moore, 2014). The third is informational masking (see, e.g., Kidd et al., 2008), in which the
interferer compromises the effectiveness with which the listener forms a coherent auditory object from the constituents
of the target speech, is able to attend to it, or has access to
the general cognitive resources required to process its critical
features (see, e.g., Shinn-Cunningham, 2008). Speech is a
sparse signal in a frequency  time representation, and so
there are often circumstances in which the interference arises
mainly from informational masking—e.g., when the target
talker is accompanied by one competing talker with a similar
level (Brungart, 2001; Brungart et al., 2006; see Darwin,
2008).
a)
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The experiments reported here concern the informational component of speech-on-speech masking. A number
of studies have focused on the linguistic aspects of this interference. For example, there is evidence that interfering
speech has more impact when it is in the native language of
the listener rather than in another language (e.g., Brouwer
et al., 2012), and that syntactic constraints influence the abilities of listeners to separate target speech from masking
speech under conditions of spatial uncertainty (Kidd et al.,
2014). The focus here, however, is on using unintelligible
interferers with precisely controlled properties to elucidate
further the impact that informational masking has on processing the acoustic-phonetic features of the target speech.
Both kinds of informational masking of speech occur under
natural listening conditions.
A simple means of fully isolating the informational
from the energetic component of masking is to present the
target and masker to opposite ears. For example, some studies have investigated the ability to listen with independent
ears by asking listeners to identify monaural target speech
when presented alone or accompanied by a contralateral
masker whose properties have been manipulated in various
ways (e.g., Brungart et al., 2005; Gallun et al., 2007). This
general approach has been extended to an arrangement in
which a simplified three-formant analogue of a sentencelength utterance (F1þF2þF3) is accompanied in the contralateral ear by a single-formant interferer (Roberts and
Summers, 2015; Summers et al., 2016). In these studies, the
properties of the single-formant interferer were derived from
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those of the target F2, by time reversal or inversion of the F2
frequency contour, and so the interferer has mainly been
conceptualized as a competitor for the second formant
(termed F2C). Recent research using this stimulus configuration, or similar ones in which energetic masking of the target
was largely (if not entirely) eliminated, have shown that the
impact of the interferer on intelligibility is governed mainly
by the time-varying properties of the F2C frequency contour,
whereas the F2C amplitude contour has relatively little effect
or none at all (Roberts et al., 2010, 2014; Roberts and
Summers, 2015). Only radical differences between formants
in acoustic source characteristics, such as harmonic vs sinewave analogues, have been shown to modulate the impact of
an interferer on intelligibility to an extent comparable with
that of formant-frequency variation in the interferer (Roberts
et al., 2015; Summers et al., 2016).
Studies using the F2C paradigm, or variants of it, have
shown that the impact of an interfering formant tends to rise
as either the rate or extent (depth) of its formant-frequency
variation increases (Summers et al., 2012; Roberts et al.,
2014). To date, the effect of rate has been explored less
extensively, but it has been shown that the impact of a twoformant interferer grows progressively as the time-base for
its formant-frequency variation is increased from zero to at
least twice the natural rate (Summers et al., 2012). For the
depth of formant-frequency variation, it has been established
that the intelligibility of the target speech falls progressively
as the depth of F2C increases from 0% (i.e., constant) up to
100% scaling (i.e., equal to that of the target F2), but that
there is little further fall in intelligibility when F2C depth is
increased to 200% scaling (Roberts and Summers, 2015).
Note that the rise in masking that occurs as the depth of F2C
is increased from 0% to 100% cannot be explained in terms
of target-masker similarity between the corresponding formants. This is because halving the depth of variation in the
target formants did not change the relationship between F2C
depth and masker impact over the 0%–100% range, even
though the point of maximum target-similarity occurred
when F2C was set to 50% depth (Roberts et al., 2014).
Furthermore, similarity between F2 and F2C in their general
pattern of movement was not important—F2Cs whose frequency contours were derived by inverting and rescaling the
frequency contour of F2 had the same impact as depthmatched versions that instead followed a stylized triangular
contour (Roberts et al., 2014).
It remains unclear why the impact on intelligibility plateaus when the depth of F2C formant-frequency variation
exceeds 100%. One possibility concerns the frequency
region occupied by F2C, which has the same geometric
mean frequency as that of the target F2, but begins to overlap
with the ranges of the other formants once depth exceeds
100%. There is good reason to expect F2 to make a greater
contribution to intelligibility than any of the other formants.
The second formant is typically associated with the front
cavity and carries critical information about front-back
tongue position for vowels, and F2 transitions provide critical information about place of articulation for plosives and
other consonants (see, e.g., Stevens, 1998). Furthermore, at
least for sine-wave analogues of three-formant sentences
892
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(see Remez et al., 1981), there is evidence of a hierarchy of
contributions by different formants to intelligibility.
Specifically, removal of F2 typically lowers intelligibility
the most and removal of F3 the least; also, for singleformant stimuli, F2 is typically the most intelligible and F3
is the least (Han and Chen, 2017). Hence, one possible
explanation for why the impact of F2C plateaus once its
depth of formant-frequency variation exceeds 100% is
because the presence of extraneous acoustic-phonetic information in frequency regions outside the typical F2 range
caused little additional interference. Another possibility is
that the observed plateau in impact as the depth of formantfrequency variation was increased is a peculiarity arising
from the use of single-formant interferers. Therefore, the
current study explored the extent to which informational
masking is governed by the frequency region occupied by an
interferer, the extent of formant-frequency variation in each
interfering formant, and the number of interfering formants.
II. EXPERIMENT 1

In this experiment, the effect of interferer frequency
region on target intelligibility was tested using a singleformant interferer whose geometric mean frequency was
matched to that of F1, F2, or F3. Three versions of the interferer were created by taking the frequency contour of F2C
and transposing it down into the F1 range or up into the F3
range, while maintaining its root-mean-square (RMS) level
and the extent of its formant-frequency variation (100%
depth for F2C) on a log scale. Note that this approach differs
in three important ways from a comparison of the effects of
single-formant interferers derived independently from F1,
F2, and F3. First, in contrast with the usual effect of spectral
tilt in speech stimuli, all versions of the interferer are
matched for total energy; second, all versions share the same
depth and pattern of movement about their mean frequencies
but, third, using log transposition of the F2C contour to
maintain 100% depth typically leads to an interferer with a
smaller frequency range than F1 and a larger range than F3.
The first two aspects were intended to facilitate comparison
between the effects of the three versions of the interferer, but
note that the third aspect—an inevitable consequence of the
second—may complicate the comparison. This aspect is considered further below.
A. Method
1. Listeners

All listeners were students or members of staff at Aston
University and received either course credit or cash for taking part. They were first tested using a screening audiometer
(Interacoustics AS208, Assens, Denmark) to ensure that their
audiometric thresholds at 0.5, 1, 2, and 4 kHz did not exceed
20 dB hearing level. All listeners who passed the audiometric
screening took part in a training session designed to improve
the intelligibility of the speech analogues used (see Sec.
II A 3). About two-thirds of these listeners completed the
training successfully and took part in the main experiment,
but five did not meet the additional criterion of a mean score
Brian Roberts and Robert J. Summers

of 20% keywords correct in the main experiment, when
collapsed across conditions, and so were replaced. This nominally low criterion was chosen to take into account the poor
intelligibility expected for some of the stimulus materials
used. Twenty listeners (five males) successfully completed
the experiment (mean age ¼ 23.2 yr, range ¼ 18.3–44.2). To
our knowledge, none of the listeners had heard any of the
sentences used in the main experiment in any previous study
or assessment of their speech perception. All were native
speakers of English (mostly British) and gave informed consent. The research was approved by the Aston University
Ethics Committee.
2. Stimuli and conditions

The stimuli for the main experiment were derived from
recordings of a collection of Bamford–Kowal–Bench (BKB)
sentences (Bench et al., 1979) spoken by a British male
talker of “Received Pronunciation” English. To enhance the
intelligibility of the synthetic analogues, the 30 sentences
used were semantically simple and selected to contain
25% phonemes involving vocal tract closures or unvoiced
frication. A set of keywords was chosen for each sentence;
most designated keywords were content words. The stimuli
for the training session were derived from 50 sentences spoken by a different talker and taken from commercially available recordings of the Harvard sentence lists (IEEE, 1969).
These sentences were also selected to contain 25% phonemes involving closures or unvoiced frication.
For each sentence, the frequency contours of the first
three formants were estimated from the waveform automatically every 1 ms from a 25-ms-long Gaussian window, using
custom scripts in Praat (Boersma and Weenink, 2010). In
practice, the third-formant contour often corresponded to the
fricative formant rather than F3 during phonetic segments
with frication; these cases were not treated as errors. Gross
errors in automatic estimates of the three formant frequencies were hand-corrected using a graphics tablet; artifacts
are not uncommon and manual post-processing of the
extracted formant tracks is often necessary (Remez et al.,
2011). Amplitude contours corresponding to the corrected
formant frequencies were extracted automatically from the
stimulus spectrograms.
Synthetic-formant analogues of each sentence were created using the corrected frequency and amplitude contours to
control three parallel second-order resonators whose outputs
were summed. Following Klatt (1980), the outputs of the
resonators corresponding to F1, F2, and F3 were summed
using alternating signs (þ, –, þ) to minimize spectral
notches between adjacent formants in the same ear. A
monotonous periodic source with a fundamental frequency
(F0) of 140 Hz was used in the synthesis of all stimuli used
in the training and main experiment; note that no noise
source was used and so all phonetic segments in these analogues were rendered fully as voiced, regardless of their
original source characteristics. The excitation source was a
periodic train of simple excitation pulses modeled on the
glottal waveform, which Rosenberg (1971) has shown to be
capable of producing synthetic speech of good quality. The
J. Acoust. Soc. Am. 143 (2), February 2018

3-dB bandwidths of the resonators corresponding to F1, F2,
and F3 were set to constant values of 50, 70, and 90 Hz,
respectively. Stimuli were selected such that the frequency
of the target F2 was always at least 80 Hz away from the frequencies of F1 and F3 at any moment in time. Hence, there
were no approaches between formant tracks close enough to
cause audible interactions between corresponding harmonics
exciting adjacent formants.
For each sentence used in the main experiment, a set of
interferers was created by time-reversing the frequency contour of F2 and transposing it such that its geometric mean
frequency matched that of F1, F2, or F3. These variants were
termed F2C1, F2C2, and F2C3, respectively. The transposition maintained the extent of formant-frequency variation of
F2Cn on a log scale. The amplitude was constant and set in
all cases to the RMS level of the target F2. All competitors
were rendered as the outputs of a second-order resonator.
The excitation source (Rosenberg pulses), F0 (140 Hz), 3-dB
bandwidth (70 Hz), and output sign (–) were identical to
those used to synthesize the target F2. When present, F2Cn
was always sent to the contralateral ear.
There were five conditions in the main experiment (see
Table I). One condition (C1) was a control, for which only
F1 and F3 were presented. Three conditions (C2–C4) were
experimental, for which the stimuli comprised all three target formants accompanied by one version of F2Cn. The
final condition (C5) was the reference case, for which only
the monaural target formants were presented. The stimuli
are illustrated in Fig. 1 using the narrowband spectrogram
of a synthetic analogue of an example sentence in the top
panel and the three versions of the corresponding interferers in the lower panels (F2C1, F2C2, and F2C3, in
descending order). For each listener, the 30 sentences were
divided equally across conditions (i.e., 6 per condition),
such that there were 18–20 keywords per condition.
Allocation of sentences to conditions was counterbalanced
by rotation across each set of five listeners tested. Hence,
the total number needed to produce a balanced dataset was
a multiple of five listeners.
3. Procedure

During testing, listeners were seated in front of a computer screen and a keyboard in a sound-attenuating chamber
(Industrial Acoustics 1201A; Winchester, UK). The experiment consisted of a training session followed by the main
TABLE I. Stimulus properties for the conditions used in experiment 1 (main
session). The frequency contour of each variant of the single-formant interferer (F2Cn, where n ¼ 1, 2, or 3) was derived by time-reversing the frequency contour of the target F2 and transposing it such that the geometric
mean frequency matched that for the corresponding nth target formant.
Condition
C1
C2
C3
C4
C5

Stimulus configuration (target ear; other ear)
(F1þF3; —)
(F1þF2þF3; F2C1)
(F1þF2þF3; F2C2)
(F1þF2þF3; F2C3)
(F1þF2þF3; —)
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FIG. 1. Stimuli for experiment 1—narrowband spectrograms for a threeformant analogue of the sentence “They’re kneeling down” (top) accompanied in the contralateral ear by one of three variants of a single-formant
interferer (F2Cn, where n ¼ 1, 2, or 3). These interferers were derived from
the time-reversed frequency contour of the target F2 by transposing it to
match the geometric mean frequency of the corresponding nth target formant
(lower panels, in descending order). The amplitude of F2Cn was constant and
matched to the RMS power of the target F2. Note how the linear frequency
range of F2Cn increases with n; the log-frequency range remains constant.

The training session comprised 50 trials; stimuli were
presented without interferers and a new sentence was used
for each trial. On each of the first ten trials, listeners heard
diotic presentations of the synthetic version (S) and the original (clear, C) recording of a sentence in the order SCSCS; no
response was required but listeners were asked to attend to
these sequences carefully. On each of the next 30 trials, listeners heard a diotic presentation of the synthetic version of
a sentence, which they were asked to transcribe using the
keyboard. They were allowed to listen to the stimulus up to
six times before typing in their transcription. After each transcription was entered, feedback was provided by playing the
original recording (44.1 kHz sample rate) followed by a
repeat of the synthetic version. Davis et al. (2005) found this
strategy to be an efficient way of enhancing the perceptual
learning of speech-like stimuli.
During the final ten training trials, the sentence analogue
was delivered monaurally; the ear receiving it was selected
randomly on each trial. Listeners heard the stimulus only
once before entering their transcription. Feedback was provided as before, in this case with the stimuli delivered only
to the selected ear. Listeners continued on to the main session if they met either or both of two criteria: (1) 50% keywords correct across all 40 trials needing a transcription (30
diotic with repeat listening; 10 monaural, random selection
of ear, no repeat listening); (2) 50% keywords correct for
the final 15 diotic-with-repeat-listening trials. On each trial
in the main experiment, the ear receiving the target formants
(F1þF2þF3 or F1þF3) was selected randomly; F2Cn (when
present) was always presented in the other ear. Listeners
were allowed to hear each stimulus once only before entering their transcription. No feedback was given.
All speech analogues were synthesized using MITSYN
(Henke, 2005) at a sample rate of 22.05 kHz and with 10-ms
raised-cosine onset and offset ramps. They were played at
16-bit resolution over Sennheiser HD 480-13II earphones
(Hannover, Germany) via a Sound Blaster X-Fi HD sound
card (Creative Technology Ltd, Singapore), programmable
attenuators [Tucker-Davis Technologies (TDT) PA5;
Alachua, FL], and a headphone buffer (TDT HB7). Output
levels were calibrated using a sound-level meter (Br€uel and
Kjaer, type 2209; Nærum, Denmark) coupled to the earphones by an artificial ear (type 4153). All target sentences
were presented at a long-term average of 75 dB sound pressure level (SPL); there was some variation in the ear receiving F2Cn (mean  67 dB SPL) depending on the RMS
power of the target F2. In the training session, the presentation level of the diotic materials (original recordings and first
40 sentences) was lowered to 72 dB SPL, roughly to offset
the increased loudness arising from binaural summation. The
last ten sentences in the training session were presented
monaurally at the reference level.
4. Data analysis

session and typically took about 45 minutes to complete; listeners were free to take a break whenever they wished. In
both parts of the experiment, stimuli were presented in a
new quasi-random order for each listener.
894
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The stimuli for each condition comprised six sentences.
Given the variable number of keywords per sentence (2–4),
the mean score for each listener in each condition was computed as the percentage of keywords reported correctly
Brian Roberts and Robert J. Summers

giving equal weight to all the keywords used; homonyms
were accepted. As in our previous studies (e.g., Roberts
et al., 2010; Roberts and Summers, 2015), we classified
responses using tight scoring, in which a response is scored
as correct only if it matches the keyword exactly. Except
where stated, the values and statistics reported here are based
on these tight keyword scores. All statistical analyses were
computed using SPSS (SPSS statistics version 21, IBM
Corp., Armonk, NY). The measures of effect size reported
here are eta squared (g2) and partial eta squared (g2p). All
pairwise comparisons (two tailed) were computed using the
restricted least-significant-difference test (Snedecor and
Cochran, 1967; Keppel and Wickens, 2004).
Following Roberts et al. (2014), we used phonemic
scoring as an additional measure to the tight scoring of keywords. Typed responses were converted automatically into
phonemic representations using eSpeak (Duddington, 2014),
which generates phonemic representations of the input text
using a pronunciation dictionary and a set of generic pronunciation rules for English orthography. The mean percentage
of phonemes correctly identified across all words in the sentences was computed using an algorithm that finds an optimal alignment between the sequence of phonemes for the
original sentence and its transcription through insertion and
removal of transcribed segments (see Needleman and
Wunsch, 1970). The mean percentage of phonemes correctly
identified—the phonemic score—is defined as 100  (number of correctly aligned phonemes)/(number of phonemes in
the original sentence).
B. Results and discussion

FIG. 2. Results for experiment 1—effect of frequency region on the impact
of an interferer (F2Cn, where n ¼ 1, 2, or 3) on the intelligibility of threeformant analogues of the target sentences. Mean keyword scores and intersubject standard errors (n ¼ 20) are shown for the control condition (black
bar), the target-plus-interferer conditions (gray bars), and the target-only
condition (white bar). The top axis indicates which formants were presented
to each ear; the bottom axis indicates to which target formant the geometric
mean frequency of F2Cn was matched (when present). For ease of reference,
condition numbers are included immediately above the bottom axis. The
corresponding means for phonemic scoring across conditions were 32.1%
(C1), 51.0% (C2), 45.6% (C3), 54.6% (C4), and 65.0% (C5).

Figure 2 shows the mean percentage scores (and intersubject standard errors) across conditions for keywords correctly identified. The black, gray, and white bars indicate the
results for the control, target-plus-interferer, and target-only
conditions, respectively; the corresponding means for the
phonemic scores are shown in the caption. A one-way
within-subjects analysis of variance (ANOVA) of the keyword scores across the five conditions showed a highly significant effect of condition on intelligibility [F(4,76) ¼ 18.418,
p < 0.001, g2 ¼ 0.492].1 Scores for the control condition show
that intelligibility was low in the absence of F2; the mean
score for C1 was significantly different from those for all
other conditions (p < 0.001 in all cases). Performance was
best when all three target formants were presented alone (C5);
note that the relatively low intelligibility compared with natural speech is to be expected given the simple source properties and three-formant parallel vocal-tract model used to
synthesize the sentences. When the monaural target was
accompanied by any of the contralateral interferers (C2–C4),
intelligibility was lowered significantly relative to C5 (overall mean difference ¼ 16.5% pts; p ¼ 0.015 – p < 0.001).
Clearly, all three versions of F2Cn were effective interferers.
The differences between target formants in the overall
extent to which they carry useful acoustic-phonetic information led to the expectation that the contralateral interferer
would have the greatest impact when it fell in the same frequency range as F2 and least when it fell in the same range

as F3. Figure 2 shows a pattern consistent with this prediction, but a one-way ANOVA of the keyword scores
restricted to the three experimental conditions (C2–C4) was
not significant [F(2,38) ¼ 2.072, p ¼ 0.140]. This outcome is
perhaps unsurprising given the relatively small differences
between conditions (F2C1 vs F2C2 ¼ 5.1% pts; F2C1 vs
F2C3 ¼ 3.4% pts; F2C2 vs F2C3 ¼ 8.5% pts) and the inevitable compromise to the sensitivity of the analysis arising
from the need to rotate the allocation of sentences across
conditions in this design, which increased the extent of
uncontrolled variance in our dataset. The phonemic scores
follow a similar pattern to the keyword scores, but for these
scores the effect of frequency region was significant
[F(2,38) ¼ 3.427, p ¼ 0.043, g2 ¼ 0.153]. Pairwise comparisons revealed a significant difference between C3 and C4
[F2C2 vs F2C3 ¼ 9.0% pts; t(19) ¼ 2.252, p ¼ 0.036]; the difference between C2 and C3 did not quite reach significance
[F2C1 vs F2C2 ¼ 5.4% pts; t(19) ¼ 1.918, p ¼ 0.070]. In all
other respects, the outcomes of the supplementary analysis
using the phonemic scores were consistent with the main
analysis.
It is also worth noting that the log frequency range for
F3 was considerably smaller than that for F2, and so transposing F2C upward while preserving its log range resulted in
considerable overlap between the frequency ranges of F2C3
and F2 (on average, 40% of the F2 range fell within the
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range for F2C3). The extent of this overlap probably reduced
the difference in impact between F2C2 and F2C3. In addition, the frequency response of the headphones used simulated the broad resonance of the ear canal and so interferers
transposed upward into the F3 range were boosted by
2.5 dB on average, which is likely to have reduced still further the difference in impact between F2C2 and F2C3. On
balance, it seems reasonable to conclude that the impact of a
single-formant interferer is influenced by the frequency
region into which it is transposed, but that this effect is rather
broadly tuned around the F2 region. Why this might be the
case is considered further in Sec. IV.

each sentence in the main experiment. Three versions of the
single-formant interferer (F1C) were created using the timereversed frequency contour of F1 and applying different scale
factors to adjust the extent of formant-frequency variation to
0% (constant), 50%, or 100% of the original depth (Roberts
et al., 2014; Roberts and Summers, 2015). Rescaling of the
formant-frequency contour was performed on a log scale
about the geometric mean frequency. The rescaled frequency
for each formant at time t, s(t), is given by


f ðtÞ
;
(1)
log sðtÞ ¼ log g þ x log
g

III. EXPERIMENT 2

where x (0  x  1) is a proportional scale factor determining
the maximum frequency range relative to the original (the
depth of variation), f(t) is the formant frequency at time t,
and g is the geometric mean of the whole formant-frequency
contour. In all cases, F1C had a constant amplitude and was
matched to the RMS level of its counterpart target F1. Three
versions of the three-formant interferer (F123C) were created using the time-reversed frequency contours of all three
target formants. Each formant in F123C had its depth of
formant-frequency variation scaled to 0%, 50%, or 100% of
that for the corresponding target formant. The amplitude for
each formant in the interferer was constant and matched to
the RMS level of the corresponding target formant. After the
three interfering formants were synthesized and added
together, the overall RMS level of F123C was adjusted to
match that of the complete target (F1 þ F2 þ F3) to take into
account differences in harmonic cancellation across formants
between target and interferer. Given that F1 contained most
of the energy of the target stimulus, there was little difference in level between F1C and the corresponding F123C
(always <1 dB).
There were nine conditions in the main experiment (see
Table II). Two conditions (C1 and C2) were controls for
which the target F1 was absent (i.e., F2 þ F3); C2 also contained F1C (at 100% depth) in the contralateral ear. Six conditions (C3–C8) were experimental, for which the target
formants were accompanied in the contralateral ear by either
F1C (C3–C5) or F123C (C6–C8). Across these conditions,
the depth of formant-frequency variation in the interferer
was scaled to 0% (C3 and C6), 50% (C4 and C7), or 100%
(C5 and C8). The final condition (C9) was the reference
case, for which only the monaural target formants were presented (i.e., no interfering formants). The stimuli are illustrated in Fig. 3 using the narrowband spectrogram of a
synthetic analogue of an example sentence (top panel)
accompanied by the corresponding single-formant interferer
(F1C, middle panel) and three-formant interferer (F123C,
bottom panel) when presented at 100% depth.

Although one previous study (Summers et al., 2012) used
a variant of the F2C paradigm involving two-formant interferers (specifically F2CþF3C), their impact on intelligibility
was not compared with that for single-formant interferers. In
this experiment, the effects of single- and three-formant interferers on target intelligibility were compared directly. These
interferers (F1C and F123C) were derived from the target
F1—the most intense formant—and from all three target formants, respectively. The spectral tilt characteristic of speech
ensured that the inclusion of the higher formants had little
effect on the total energy of the interferer, such that any significant increase in impact observed when they were included
could not be explained in terms of changes in overall power.
The depth of formant-frequency variation in these interferers
was also manipulated, without exceeding the natural range, to
provide a benchmark against which the impact of increasing
the number of interfering formants could be assessed. Note
that adding formants with different mean frequencies is a way
of extending the frequency range over which there is formantfrequency variation in the interferer without increasing the
depth of that variation.
A. Method

Except where described, the same method was used as
for experiment 1. There were nine conditions in experiment 2;
hence, the total number required to produce a balanced dataset
was a multiple of nine listeners. Twenty-seven listeners (four
males) passed the training and successfully completed the
experiment (mean age ¼ 21.8 yr, range ¼ 18.3–31.9); one listener who passed the training failed to meet the additional criterion of at least 20% keywords correct overall in the main
experiment and so was replaced. The training session was
identical to that used in experiment 1. The stimuli for the
main experiment were derived from recordings of 54 sentences spoken by the same talker as for the BKB sentences used
in experiment 1. The text for these sentences was provided
by Patel and Morse (2010) and consisted of variants created
by rearranging words from BKB sentence lists while maintaining semantic simplicity. Sentences were allocated to conditions in the same way as for experiment 1 (18–19 keywords
per condition).
All stimuli were generated using the same excitation
source, F0 (140 Hz), resonator bandwidths, and output signs
as for experiment 1. A set of six interferers was created for
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B. Results and discussion

Figure 4 shows the mean percentage keyword scores (and
intersubject standard errors) for each condition. The black,
gray, and white bars indicate the results for the control, targetplus-interferer, and target-only conditions, respectively; within
the target-plus-interferer conditions, light and dark gray bars
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TABLE II. Stimulus properties for the conditions used in experiment 2
(main session). The frequency contours of the single- (F1C) and threeformant (F123C) interferers were derived from time-reversed versions of the
corresponding target formants. The scale factor for the interferer refers to
the depth of variation in formant frequency for each interfering formant, relative to that for the corresponding unscaled target formant(s). A scale factor
of 0% indicates a constant frequency contour for each interfering formant,
corresponding to the geometric mean frequency of the target counterpart.

Condition

Stimulus configuration
(target ear; other ear)

Scale factor (depth)
of interfering formants
relative to corresponding
target formants (%)

C1
C2
C3
C4
C5
C6
C7
C8
C9

(F2þF3; —)
(F2þF3; F1C)
(F1þF2þF3; F1C)
(F1þF2þF3; F1C)
(F1þF2þF3; F1C)
(F1þF2þF3; F123C)
(F1þF2þF3; F123C)
(F1þF2þF3; F123C)
(F1þF2þF3; —)

—
100
0
50
100
0
50
100
—

indicate the results for single- and three-formant interferers,
respectively. A one-way within-subjects ANOVA over all
nine conditions demonstrated a highly significant effect of
condition on intelligibility [F(8,208) ¼ 59.394, p < 0.001,
g2 ¼ 0.696]. Intelligibility was low in the absence of the target
F1 (C1) and was near floor when F2 þ F3 was accompanied in
the other ear by F1C (C2). Keywords scores for C1 and C2
were significantly different from each other (p ¼ 0.003) and
from those for all other conditions (p  0.001 in all cases).
Performance was best when all three target formants were presented alone (C9). Intelligibility was significantly lowered,
often substantially, when the target formants were accompanied by any of the contralateral interferers (C9 vs C3–C8,
overall mean difference ¼ 24.3% pts, p < 0.003 in all cases).
Note that the impact of the 100%-depth F1C (31.4% pts) was
considerably larger than that of its second-formant counterpart
in experiment 1 (F2C2, 21.1% pts) or of F2C in any of our previous studies; this is probably because F1C was much more
intense than F2C.2
The effect of the experimental manipulations of the interfering formants was explored using a two-way within-subjects
ANOVA restricted to the target-plus-interferer conditions
(C3–C8). The two factors were the number of interfering formants (two levels: one or three) and the depth of formantfrequency variation (three levels: 0%, 50%, or 100%). This
analysis revealed significant main effects of the number of
interfering formants [F(1,26) ¼ 11.955, p ¼ 0.002, g2p ¼ 0.315]
and the depth of formant-frequency variation [F(2,52)
¼ 38.713, p < 0.001, g2p ¼ 0.598]. There was no interaction
between these factors [F(2,52) ¼ 0.123, p ¼ 0.884], indicating
that their effects were independent and additive. Increasing the
depth of formant-frequency variation in the interferer had the
greater effect on keyword scores (average fall for 0% vs 100%
depth ¼ 22.5% pts) but there was also an appreciable effect,
about one-third the size, of increasing the number of formants
(average fall for F1C vs F123C ¼ 7.9% pts). This was the case
despite the fact that the additional formants hardly changed the
J. Acoust. Soc. Am. 143 (2), February 2018

FIG. 3. Stimuli for experiment 2—narrowband spectrograms for a threeformant analogue of the sentence “The bedroom door was open” (top)
accompanied in the contralateral ear by either a single-formant interferer
(F1C; middle) or a three-formant interferer (F123C; bottom), both shown
here when scaled to 100% depth. The frequency contours of these interferers
were time-reversed versions of those for the corresponding target formants.
The amplitude of each interfering formant was constant and matched to the
RMS power of its target counterpart.

presentation level of the interferer. Overall, the impact of the
interferer was greatest for F123C at 100% depth (39.3% pts)
and least for F1C at 0% depth (9.5% pts). The outcomes of the
supplementary analysis using the phonemic scores were fully
consistent with the main analysis.
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to one another. It may also be relevant that, in comparison
with the single-formant interferer, the three-formant interferer had spectro-temporal and bandwidth characteristics
more like those of typical speech sounds. To our knowledge,
the relationship between the number and complexity of formant movements in a speech-like masker and the interference it causes has received little or no attention, but note that
there is evidence that the extent of informational masking
for a single-tone target embedded in a multi-tone masker
typically increases as the number of tones in the masker
increases from two up to at least ten (Neff and Green, 1987;
Oh and Lutfi, 1998).
IV. SUMMARY AND CONCLUDING DISCUSSION

FIG. 4. Results for experiment 2—effect of the number of formants in an
interferer (1 or 3; F1C or F123C) and their depth of formant-frequency variation (0%, 50%, or 100%) on the impact of that interferer on the intelligibility of three-formant analogues of the target sentences. Mean keyword scores
and intersubject standard errors (n ¼ 27) are shown for the control conditions (black bars), the target-plus-interferer conditions (gray bars), and the
target-only condition (white bar). Light gray and dark gray bars indicate performance in the single- and three-formant interferer conditions, respectively.
The top axis indicates which formants were presented to each ear; the bottom axis indicates the depth of formant-frequency variation in the interferer
(when present). For ease of reference, condition numbers are included
immediately above the bottom axis. The corresponding means for phonemic
scoring across conditions were 27.2% (C1), 20.0% (C2), 66.3% (C3), 57.8%
(C4), 47.9% (C5), 58.3% (C6), 46.7% (C7), 36.7% (C8), and 75.2% (C9).

Increasing the number of interfering formants from one
(F1C) to three (F123C) in the contralateral masker extended
the frequency range over which formant-frequency variation
took place and increased the impact of the masker on intelligibility by about one-third. This suggests that extending the frequency range of the time-varying masker beyond that of the
target F1 caused greater interference, albeit more gradually
than the effect of increasing masker depth within the F2 range.
This outcome differs from our previous finding that increasing
the depth of formant-frequency variation beyond 100% for a
single-formant interferer (F2C) had little extra effect (Roberts
and Summers, 2015). One possible reason for this difference
is that increasing the number of interfering formants increased
the total amount of formant-frequency variation in the masker
without increasing (for a given formant) the depth of that variation—and hence also the velocity of formant transitions—
beyond the range associated with natural articulation (see,
e.g., Tjaden and Weismer, 1998; Weismer and Berry, 2003).
Another possible reason for the greater impact of the
three-formant interferer is the greater overall complexity of
its time-varying properties. While the movements of the
three formants were not independent of one another, derived
as they were from the trajectories of the three target formants, they nonetheless moved in complex ways in relation
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Previous studies in which the F2C paradigm (or variants
thereof) has been used to examine the acoustic factors that
may contribute to the acoustic-phonetic aspects of speechon-speech informational masking have manipulated two
classes of feature. One is the time-varying properties of the
interfering formants, including the rate and depth of
formant-frequency variation (Roberts et al., 2010, 2014;
Roberts and Summers, 2015; Summers et al., 2012), the
presence of formant amplitude variation (Roberts et al.,
2010; Summers et al., 2012), and the presence of
fundamental-frequency (F0) variation (Summers et al.,
2017). The other is the source properties of the target and
interfering formants, including differences between formants
in F0 (Summers et al., 2010; Summers et al., 2017) and stimulus configurations in which some formants were rendered
as buzz-excited resonances and others as sine-wave analogues (Roberts et al., 2015; Summers et al., 2016). The
experiments reported here have extended these investigations to include the frequency region within which interfering formant-frequency variation occurs and the number of
interfering formants present. Under dichotic presentation
and the conditions of uncertainty with respect to ear of presentation used here, the impact on intelligibility depended
primarily on the overall extent of formant-frequency variation in the interferer (at least up to 100% depth), but it was
also influenced by the number of time-varying formants
contributing to the interferer. Increasing the number of interfering formants increases the total amount of formantfrequency variation without exceeding the natural range of
variation for any one formant; it also increases the overall
complexity of the interferer and the properties that it has in
common with typical speech. For a given extent of formantfrequency variation (on a log scale), the particular frequency
region occupied by an extraneous formant had relatively little effect on the interference caused.
The F2C paradigm was originally conceptualized as
involving competition between the target F2 and the extraneous formant to form a coherent group with F1þF3, in which
a fall in intelligibility arises from the displacement (or dilution) of F2 from the perceptual organization of the target
speech (Remez et al., 1994; Roberts et al., 2010). Roberts
et al. (2014) noted that this interpretation attributes the informational masking to a specific corrupting influence of the
interferer, in which there is a failure to exclude acoustic
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variation in the extraneous formant from the perceptual evaluation of the acoustic-phonetic features of the target sentence, but that the impact of the interferer may instead
represent a non-specific disrupting influence, in which the
interferer acts as a cognitive load (see, e.g., Mattys et al.,
2012) that limits the general processing capacity available
for the target sentence. Our finding that transposing an interfering formant of a given depth and pattern of formantfrequency variation across a wide range of frequencies had
such a modest effect on the overall extent of informational
masking is not conclusive regarding this distinction, but the
outcome is in accord with the notion that the non-specific
disruptive effects of the interferer make a substantial contribution to its overall impact.
When considering the results of the current study in the
broader context of studies using the F2C paradigm, and its
variants, there is an interesting parallel between the informational masking observed in these studies and the irrelevant
sound effect (ISE). The ISE is an example of cross-modal
interference, in which the presence of an acoustic distractor
that participants are instructed to ignore nonetheless impairs
serial recall of visually presented digits or words. The effect
tends not to habituate over repeated testing (Hellbr€uck et al.,
1996). Most notably, the ISE requires frequency change in
the distractor (Jones and Macken, 1993); it cannot be
induced by amplitude change alone (Tremblay and Jones,
1999). Similarly, studies using the F2C paradigm have
shown that the impact on intelligibility of the time-varying
properties of an extraneous formant is governed mainly by
formant-frequency variation, whereas formant-amplitude
variation has relatively little effect, or none at all, depending
on the particular stimulus configuration used (Roberts et al.,
2010, 2014; Roberts and Summers, 2015; Summers et al.,
2012). It is also merits note that the ISE is typically greatest
when the acoustic distractor is speech or has speech-like
properties (e.g., Viswanathan et al., 2014), but that it can
also be substantial in the presence of instrumental music,
which implies that complexity of spectro-temporal change is
an important contributor to the ISE (see Ellermeier and
Zimmer, 2014, for a review). An important challenge for
future research on the informational masking of speech will
be to assess the relative contributions of non-specific disruptive effects (general capacity limitations) and specific corrupting effects (intrusions) to the overall interference caused.
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