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Summary
A number of masking phenomena can be modeled in terms of a linear auditory filter bank followed by a temporal
integrator and a simple decision device based on the signal-to-masker ratio. Other aspects require the inclusion
of a nonlinearity following linear filtering. The present article concentrates on aspects of non-simultaneous, or
“temporal”, masking that cannot be explained by either modeling approach. A more realistic nonlinear model
of cochlear processing is explored, and it is shown that most aspects of temporal masking can be accounted for
with this model, in conjunction with a linear temporal integrator (temporal window) and the simple decision
criterion. An earlier version of the model with a static nonlinearity following linear filtering can account for
“on-frequency” nonlinearities in masking such as the growth of forward masking, the effects of forward masker
duration, and the nonlinear additivity of forward and backward masking. The new model can account, in addition,
for frequency-dependent nonlinearities in masking such as the upward spread of forward masking and certain
aspects of two-tone suppression.
PACS no. 43.64.Kc, 43.66.Ba, 43.66.Dc

1. Introduction
It used to be common, as a matter of convenience, for models of masking to assume that the filtering processes in the
cochlea are linear. Specifically, the cochlea has often been
modeled as a bank of linear band-pass filters [1, 2, 3]. Furthermore, it is often assumed in these models that the ratio
of signal intensity to masker intensity at threshold is invariant with level. Although it has been known for some
time that the frequency response of the auditory system
is nonlinear [4], these simplifying assumptions seem to
work well in certain types of masking situations. For example, the signal-to-masker ratio for detecting a tone in
a broadband noise masker is roughly invariant with level
[5], as is the Weber fraction for the intensity discrimination of broadband noise [6]. Although the Weber fraction for pure tones decreases with level [7], this effect can
be explained if it is assumed that the “spread of excitation” along the basilar membrane (BM) as the tone level is
raised provides additional information that aids discrimination ([8, 9, 10, 11] but see [12] for an alternative view).
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That masking in the healthy ear is an inherently nonlinear process is particularly apparent when the signal and
the masker are presented non-simultaneously (“temporal”
masking). The present article begins by reviewing the empirical evidence for the hypothesis that nonlinearities encountered in temporal masking are primarily of cochlear
origin, and that subsequent temporal processing can be
treated as linear in the intensity domain (i.e., linear with
respect to the square of BM vibration). New modeling results are then presented that provide quantitative support
for this view. Models incorporating a nonlinear stage have
been applied with success to many aspects of auditory perception, such as frequency selectivity [13], modulation detection [3], and loudness [14]. In the present article, a nonlinear approach is used to account for aspects of temporal
masking.
1.1. The basilar membrane response and temporal
masking
Direct physiological measurements of BM vibration [16,
17, 18, 19, 15] have revealed a response that is highly
nonlinear. As an illustration, Figure 1 shows data replotted from Ruggero et al. [15] recorded from a single place
(with a single characteristic frequency, or CF, of 10 kHz)
on the BM of the chinchilla. (Following the usual usage
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in signal level (in dB) will produce the same increase in
BM vibration (in dB). If the masker is at a higher level,
and is therefore in the compressive region of the BM function, then a given increase in masker level will produce
a smaller increase in BM vibration. It follows that if the
signal-to-masker ratio in terms of BM vibration is to remain constant, physical masker level has to grow more
rapidly than physical signal level, leading to a shallow
slope.
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Figure 1. Basilar menbrane velocity-intensity functions for a
chinchilla, showing BM velocity (in dB) as a function of input
level (in dB SPL) for tones of different frequencies. Velocities
were measured at a single place on the BM with a CF of 10 kHz
(after Ruggero et al. [15], Figure 6).

in the physiological literature, “CF” will be used in this
article to refer to the frequency that produces the largest
response for a low-level signal.) The curves show BM velocity (in dB) against input level (in dB SPL). Any straight
line with a slope of one on these co-ordinates would indicate a linear response. From the point of view of the
present article, three main features of the BM response are
apparent:
1. The response to a tone at CF is almost linear at low
levels.
2. The response to a tone at CF is highly compressive at
medium to high levels.
3. The response to a tone well below CF is linear at all
levels.
It will be argued in this section that the characteristic
features of the BM response can account for all the major
nonlinear properties of temporal masking. All that needs
to be assumed is that, for a given set of temporal and spectral properties, masked threshold corresponds to a constant
ratio of signal excitation to masker excitation following
nonlinear cochlear processing. Although it is probable that
cochlear processing is much more complex than the account provided here, these main features of the BM response seem to be all that is required to explain a wide
variety of psychophysical results.
In forward masking (in which the masker precedes the
signal), a given increase in masker level usually causes
a much smaller increase in the signal level at threshold,
so long as the signal level is less than around 40 dB SPL
[20, 21, 22]. The shallow growth for low signal levels can
be explained on the basis first, that the response of the BM
to a tone at CF is linear at low levels and compressive at
higher levels; and second, that the masker level is generally much higher than the signal level at forward-masked
threshold. In other words, the masker and signal do not
experience the same amount of compression. If the signal is in the low-level, linear region, then a given increase

The effect of masker duration on forward masking also
varies with level [23, 24, 25], implying a nonlinear process [26]. Specifically, increases in masker duration produce a greater increase in signal threshold when the signal is at a high level than when it is at a low level. Related to this is the finding that equally-effective forward
and backward maskers do not combine in a linear way for
moderate signal levels [27, 28, 29]. The combined masking is usually much greater than the 3-dB increase over
the single-masker threshold expected on the basis of linear
intensity integration (a 3-dB increase is a doubling in intensity). Both these effects can be explained in terms of
the BM response to a tone at CF. Assume that a given
change in masker duration produces the same internal effect on masking (i.e., that the integration process per se
is linear). Now if the signal is in the low-level, linear region of the BM response, then the physical signal level at
threshold will change by a certain amount to produce the
necessary change in BM vibration. However, if the signal
is in the compressive region of the BM response, the physical signal level will have to change by a greater amount to
produce the same change in BM vibration. This explains
the level-dependence of the duration effect. Similarly, if
the signal is compressed, then the 3-dB increase in effective masking produced by combining two equally-effective
maskers will require a larger than 3-dB increase in physical signal level [30].
Upward spread of masking occurs when the masker is
at a lower frequency than the signal. A given increase in
masker level is found to produce a greater increase in the
signal level at threshold [4, 31, 32, 33]. Upward spread
of masking is observed in simultaneous masking, but the
largest effect (in terms of slope) is seen in forward masking
[34]. It can be seen in Figure 1 that the BM response varies
with frequency at a given place in the cochlea. The differential effect of frequency can explain the upward spread of
forward masking [34, 35]. If the masker is much lower in
frequency than the signal, then the growth in BM vibration
with masker level at the place tuned to the signal will be
roughly linear. However, for moderate levels the response
to the signal will be highly compressive. This means that
a given increase in masker level will require a greater
increase in signal level to maintain a constant signal-tomasker ratio in the BM response. For low signal levels the
BM is more linear, and consequently the upward spread of
masking is not observed in forward masking [34, 35]. The
upward spread of masking is observed at low signal levels
in simultaneous masking, however, and it is probable that
this is a consequence of suppression [31, 35, 36].
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Suppression is one of the most obvious forms of nonlinearity observed in conjunction with temporal masking
[37, 38, 39, 40, 41]. Suppression refers to the reduction
in the effective level of one sound component in the presence of another component. Houtgast [39] used both forward masking and “pulsation threshold” to demonstrate
suppression. In these experiments, suppression is revealed
as a reduction in masking when a suppressor is gated with
the masker.
Psychophysical tuning curves (PTCs) are plots of the
level of a masker required to mask a fixed low-level signal
as a function of masker frequency. PTCs tend to be sharper
(reflecting greater frequency selectivity) when measured
using forward masking than when measured using simultaneous masking [39, 42, 43, 44]. This difference may be
explained in terms of suppression if it is assumed that the
process that produces the threshold elevation in simultaneous masking is partly excitatory and partly suppressive
[35, 36, 45]. Because the suppressive region extends beyond the tuning curve either side of the test frequency
[39, 41], the extra effect of suppression in reducing the
signal level may reduce the level of the masker needed in
these regions, thereby broadening the tuning curve.
Suppression is hard to explain as a simple consequence
of the response of the BM to pure tones of different frequencies. Suppression will be explored in more detail in
Section 2.3. Suffice to say at this stage that the characteristics of suppression measured psychophysically by Houtgast [39] and by Duifhuis [37] are similar to the characteristics of suppression measured in the auditory nerve
[46, 47], although saturation in the auditory nerve leads to
some discrepancies [37]. If it is assumed that physiological suppression is the result of nonlinear interactions in the
cochlea, then it is reasonable to infer that psychophysical
suppression is the result of the same underlying process.
The results described so far apply to listeners with normal hearing. For these listeners it appears that the main
nonlinear characteristics of temporal masking (effects of
masker level, effects of masker duration, nonadditivity, upward spread of masking, and suppression) are a consequence of the nonlinear response of the cochlea. Further
weight is added to this claim when the results from listeners with sensorineural hearing loss are considered. Physiological models have indicated that sensorineural hearing
loss is associated with a linearization of the BM response
[15, 48]. That is, animals with a moderate to severe artificiallyinduced cochlear hearing loss tend to show a linear BM response to a tone at CF. If the hypothesis regarding the origin of the nonlinearities in temporal masking is
correct, then listeners with moderate sensorineural hearing
loss should display linear temporal masking characteristics. In fact, this is exactly what has been found.
First, the growth of forward masking with masker level
is roughly linear in impaired listeners [28, 49]. Second, hearing-impaired listeners show a reduced effect of
masker duration [25], and roughly linear additivity of forward and backward masking [28]. Third, hearing-impaired
listeners show a linear growth of masking (i.e., no expan-
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sive upward spread of masking) when the masker is lower
in frequency than the signal [34, 50, 51]. Finally, suppression is reduced or absent in impaired listeners [52, 53].
1.2. Linear intensity integration and the temporalwindow model
The findings outlined in Section 1.1 offer compelling evidence that the BM is the main source of nonlinearity in
temporal masking. Furthermore, other measures of temporal resolution, such as gap detection and the temporal modulation transfer function, are largely invariant with level
[54, 55, 56]. A popular model of temporal resolution includes an auditory filter, a means of extracting the envelope of the sound, and a lowpass filter or leaky integrator [57, 58]. One version of this approach that has been
applied to temporal masking in particular is the temporalwindow model [58, 59, 60]. An advantage of these models,
which are based on temporal integration, is that they can
account for temporal masking and for other temporal resolution phenomena such as gap detection.
The findings described in the previous section suggest
strongly that if such an integration process exists, then it
may be regarded as linear in the intensity domain for modeling purposes. In other words, the integration process itself is a simple weighted summation of a quantity that is
a linear function of the intensity of BM vibration. It is interesting to note that firing rate in the auditory nerve may
be linearly related to the intensity of BM vibration, at least
at levels close to the thresholds of the high spontaneous
rate fibres [61, 62, 63]. A square law may be “an accurate
description of the underlying synaptic drive to all primary
auditory nerve fibres” [61]. Furthermore, there is evidence
that the relationship of BM velocity to inner hair cell receptor potential is also a square law [64]. It should be emphasized that the integration process does not appear to be
linear in terms of BM displacement or velocity. If it were,
then two equally effective maskers should combine to produce 6 dB of additional masking in impaired listeners, and
at low signal levels in normally-hearing listeners. This is
not observed.
The original temporal-window model integrated stimulus intensity. This model did not provide a very convincing account of temporal masking because the shape of the
window had to change with level to account for the nonlinear growth [58, 60]. A later incarnation used a nonlinear
function before the temporal window to simulate the nonlinear response of the BM to a tone at CF [26, 49, 59, 65].
This model can account for “on-frequency” nonlinearities
in temporal masking such as the growth of forward masking [65], the effect of masker duration in forward masking [26], and the nonlinear additivity of forward and backward masking [59]. However, a model such as this cannot
account for the frequency-dependent nonlinearities in temporal masking, such as upward spread of masking and suppression. To account for these phenomena a proper nonlinear filter must be used before the temporal window. In the
next Section, a first attempt at incorporating such a filter is
presented.
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2. The DRNL temporal-window model
Input

The temporal-window model is a model of temporal masking and of temporal resolution [58, 59, 60, 66]. The model
assumes that the internal representation of a stimulus is
smoothed in time by the action of a sliding intensity integrator, or temporal window. The temporal window behaves as a lowpass filter acting in the intensity domain.
An assumption of the model is that temporal masking,
both forward and backward, is a result of this integration
process: The signal is masked because the temporal window centred on the time of signal presentation integrates
masker energy for times before and after. Forward masking is assumed to arise from a persistence of the neural
activity produced by the masker, not because of the reduction in sensitivity associated with neural adaptation [67].
2.1. Incorporating a nonlinear auditory filter
In the version of the model introduced here, the function
representing the response of the BM to a tone at CF has
been replaced by a nonlinear auditory filter, which shows
a compressive response to a tone at CF but a linear response to a tone lower than CF. The nonlinear filter used
here is a version of the dual-resonance nonlinear (DRNL)
filter developed by Meddis and colleagues [68, 69]. The
DRNL filter was designed to simulate physiological measurements of the BM response. An earlier filter design
that works on similar principals is the multiple-bandpassnonlinearity (MBPNL) model of Goldstein [70, 71]. However, the DRNL filter has been optimized to more recent
physiological data. The compression exponent used in the
MBPNL model (generally 0.5) is less than the values reported recently of around 0.2 [15, 49, 72], and (unlike the
DRNL filter) the MBPNL filter does not produce the observed intensity-dependent change in best frequency. This
can have a large effect on the variation of masked threshold with masker or signal frequency when the level of the
masker is high and the level of the signal is low [73], although for the data presented in this article it is not necessary to model the intensity-dependent shift. One advantage of the MBPNL model is that it correctly models the
different growth of suppression for low-side and high-side
suppressors, as discussed in Section 2.4.
Figure 2 shows a schematic of the different components
of the DRNL filter. The components of the whole model
are illustrated in Figure 3, and the parameters of the model
are presented in Table I. A full description of the model
will not be attempted here. The reader is referred to the
article by Meddis et al. [68] for a description of the basic
properties of the DRNL stage. It should be noted that the
parameters of the DRNL presented in Table I are different
from those used by Meddis et al. In particular, the compression exponent used here is 0.16, as compared to 0.25
in the Meddis et al. simulation. The nonlinearity in the
present study was the same as that used by Plack and Oxenham [65] and by Oxenham and Plack [26], and is based
on the masking data of Oxenham and Plack [34]. As illustrated in the latter article, the compression exponent is con-
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Figure 2. Schematic of the dual-resonance nonlinear (DRNL) filter [68]. The linear pathway consists of a gammatone filter followed by a low-pass filter. The non-linear pathway consists of a
gammatone filter, a compressive nonlinearity and a second gammatone filter. Input is processed in parallel through each pathway
before being recombined additively.

DRNL Filter

Square Law

Temporal
Window

Out

Decision
Device
Out m+s

INPUT

Out m
In

Time

Figure 3. Schematic of the DRNL temporal window model, comprised of the DRNL filter, a square-law rectifier, an exponentially-weighted temporal window / integrator, and a decision device.

sistent with physiological measurements in guinea pig and
chinchilla [16, 15, 72]. The bandwidths of the gammatone
filters used in the present simulation were broadly similar
to those used by Meddis et al. to simulate the guinea pig
recordings of Nuttall and Dolan [74]. The articles by Plack
and Oxenham [65] and Oxenham and Plack [26] provide
a detailed description of the temporal window stage. The
temporal window function used here is identical to that
used in the two earlier articles.
In the DRNL stage, the input signal is passed through
two parallel pathways. In the nonlinear pathway, the signal
is passed through a 2nd-order gammatone filter [75], followed by a nonlinear function similar to that used by Plack
and Oxenham [65] in their model of the growth of forward
masking. The function is almost linear at low levels and
compressive at medium to high levels. The final stages of
the nonlinear pathway are another 2nd-order gammatone
filter and a linear amplification (or gain). Notice that the
nonlinearity is sandwiched between two gammatone filters. As will be seen in Section 2.3, this arrangement is
crucial for the simulation of two-tone suppression. Also
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Table I. The model parameters used for the simulations. With the
exception of the decision variable, , the same set of parameters
were used for all the simulations presented here. For a more detailed description of the meaning of these parameters, see Plack
and Oxenham [65] and Meddis et al. [68].
k

Parameter

Value

To find predictions for a set of temporal masking data,
the masker alone is passed through the model and then the
masker plus signal is passed through the model. Detection is assumed to be based on the ratio of the signal-plusmasker at the output of the model to the masker alone at
the output of the model, expressed in dB (in other words, a
), at the time that this ratio reaches its maximeasure of
mum value. To reduce the computational load, for forward
masking the “centre time” of the temporal window is assumed to be at the start of the offset ramp of the signal.
Preliminary work showed that the optimum time for the
temporal window in forward masking is close to the beginning of the signal offset ramp, and the predictions obtained by allowing the temporal window to vary in time
and choosing the optimum placement do not vary significantly from those obtained by fixing the window placement in this way. In addition, the DRNL filter always had
a fixed CF equal to the frequency of the signal. In other
words, the parameters in Table I, describing the filter centre frequencies and bandwidths, are always specified relative to the signal frequency in the simulations. Only the
output of one auditory filter was considered for each signal
frequency.
One of the parameters of the model is , the value of the
decision variable at threshold. In predicting a single data
point, the model varies the dependent variable (e.g. signal
threshold), repeating the simulation until the value of the
decision variable is equal to . The value of the dependent
variable required is taken as the prediction of the model.
This process is repeated for the entire data set. For each
value of a constant is added to the output of the temporal window so that, in the absence of the masker, the
prediction of the model is equal to the absolute threshold
determined experimentally. In the simulations that follow,
the only parameter in the model that was varied to fit the
data was . However, for the data presented in each figure,
a single value of was used for all the data points. In other
words, for each set of data the model was identical. Allowing to vary between data sets seems reasonable. Different
sets of listeners may be expected to differ in their overall
sensitivities, and procedural differences may also result in
some variation in performance.
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0.91

Linear lowpass filter order

64

L

k

notice that the centre frequency of the first gammatone filter is above the CF of the DRNL filter, and that the centre
frequency of the second gammatone filter is below the CF.
This is another feature of the present model that is not seen
in the version presented by Meddis et al., where the two
filters in the nonlinear pathway have the same centre frequencies. It will be shown that the higher centre frequency
of the first gammatone filter is necessary to reproduce the
suppression patterns measured by Houtgast [39].
The linear pathway involves a 2nd-order gammatone filter followed by a low-pass filter. Both the centre frequency
of the gammatone and the cut-off frequency of the lowpass filter are lower than CF. The overall effect of the two
pathways is that input frequencies close to CF (indicated
by
CF) pass through the non-linear pathway, and that
input frequencies much less than CF (indicated by
CF)
pass through the linear pathway. The outputs of the nonlinear pathway and the linear pathway are added. The combined output is squared and then smoothed by the temporal window. When the signal level is low it is sometimes necessary to simulate absolute threshold. For this
purpose a constant is added to the output of the temporal window. The constant is determined by the measured
absolute threshold for the data set concerned [65].
The output of the temporal window as a function of time
is called a “temporal excitation pattern” (TEP) by analogy with the “excitation pattern” in the frequency domain,
which represents the output of a bank of auditory filters
[1]. The output of the temporal window as a function of
CF and time has been called a “spectro-temporal excitation pattern” (STEP [76]) as it reflects the overall spread
of excitation across CF and time. The STEP can be regarded as a temporal extension of the standard excitation
pattern.
f
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2.2. Simulating upward spread of masking
The model incorporates a nonlinear auditory filter followed by linear intensity integration. It has been shown
that the temporal window model with a similar response
to a tone at CF as the present model can simulate the “onfrequency” nonlinear characteristics of temporal masking
[26, 59, 65]. The new model contributes the ability to
simulate the nonlinear characteristics of temporal masking
that are related to the frequency-specificity of the nonlinearity.
To illustrate this property of the model, Figure 4 shows
the upward spread of masking data of Oxenham and Plack
[34]. In this experiment, the 4-ms pure tone signal was presented 2 ms after a 104-ms pure-tone masker. The masker
level needed to mask the signal is plotted as a function of
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Masker Level (dB SPL)

signal level. When the masker is at the same frequency as
the signal the response grows linearly. Since the masker
and the signal are at roughly the same level, either both
are passed linearly by the BM at low levels, or both are
compressed at moderate levels. Either way, the growth in
the BM response with level is the same for signal and
masker. When the masker is an octave below the signal
frequency, the growth is shallow, because only the signal
is being compressed.
The dashed lines in Figure 4 show the predictions of the
DRNL temporal-window model. The absolute threshold
for the signal, used to calculate the constant added to the
output of the temporal window, was 29.6 dB SPL. To find
the best fit to the data, the model parameter was varied
adaptively. The best fitting value was 1.41 dB. The model
captures the data very well. Because the model includes
a linear low-frequency pathway in addition to a nonlinear
on-frequency pathway, it is able to account for the differential effects of masker frequency. In the simulations, the
CF of the DRNL filter (the best frequency at low levels)
was constant. However, because the best frequency of the
DRNL filter changes with level (reproducing the so-called
“basalward shift” in the traveling wave) the signal was not
always at the best frequency of the filter. An inspection
of the model confirmed that the shift only becomes significant above about 80 dB SPL, when the linear pathway
begins to dominate over the nonlinear pathway. Interestingly, this is also the signal level at which the masking
function for the 3-kHz masker becomes more linear in the
experimental data. It is possible, therefore, that fixing the
filter best frequency rather than CF would have provided
an even better fit to the data.
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Figure 4. Forward masking data from Oxenham and Plack [34]
(solid points) compared to predictions of the DRNL temporal
window model (dashed lines). The signal was a 4-ms, 6-kHz pure
tone preceded by a 104-ms tonal masker. The masker frequency
was either 6 kHz or 3 kHz.
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2.3. Simulating two-tone suppression
The classic psychophysical suppression results are those
of Houtgast [39]. Although his measurements were made
using the pulsation threshold technique, it is possible to
simulate the overall form of his data by finding the level
and frequency of a suppressor tone required to produce a
criterion reduction in the output of the model in response
to a masker tone at CF. Houtgast used a 1-kHz masker
tone presented at 40 dB SPL. Unfortunately, it is not clear
how this translates to dB SPL. However, since the IS0 226
standard absolute threshold (MAF) at 1 kHz is 4.5 dB SPL
[77], it seems reasonable to assume that 40 dB SL is not
grossly different from 40 dB SPL.
The solid lines in Figure 5 show the boundaries of the
suppression regions measured by Houtgast. A suppressor
with a level and frequency within the boundary regions
produced at least a 3-dB reduction in the level of the test
tone needed for pulsation threshold. In other words, the
suppressor reduced the effective level of the masker tone
by 3 dB. A similar region was determined using just the
DRNL stage of the model. A continuous 1-kHz masker
tone with a level of 40 dB SPL was passed through the
filter with a CF of 1 kHz and the output level in dB was
measured. The procedure was then repeated with a suppressor tone of variable frequency and level added to the

0

200 400 600 800 1000 1200 1400 1600 1800 2000 2200
Suppressor Frequency (Hz)

Figure 5. Suppression regions for a 1 kHz test tone from Houtgast [39] (solid lines) compared to suppression regions predicted
by the DRNL filter (dashes). Regions within the solid lines, or
indicated by dashes, produced at least 3 dB of suppression in
Hougast’s data.

1-kHz masker tone. Those combinations of suppressor frequency and level that produced a reduction in the output of
the model of at least 3 dB are plotted in Figure 5. (Since
the 1-kHz masker tone was within the more linear portion
of the BM response curve, it does not make a great deal of
difference whether the suppression is measured in terms
of a reduction in excitation level or as a reduction in the
corresponding physical level of the stimulus1 .) The model
reproduces the overall form of the suppression function
1

A simulation was also conducted using a higher masker level of 50 dB
SPL, and taking into account the effects of compression on the signal.
(The signal level was varied in the experiments to find pulsation threshold.) The results were broadly similar to those presented in Figure 5.
However, when expressed relative to masker level, the suppression region was a little more extensive (extending to relative suppressor levels
of around 5 dB lower) both above and below the masker frequency.
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quite well, although the model produces more suppression
than is seen in the behavioural data for high suppressor
frequencies and levels.

If this analysis is correct then it follows that the form of
the suppression contour describes the tuning properties of
the first gammatone filter. It can be seen from the data that
the centre frequency of the suppression region appears to
be higher than the masker-tone frequency. This is reproduced in the model by giving the first gammatone a centre
frequency slightly higher than CF.
Simulating suppression in this way does not require an
explicit temporal window stage, since no temporal masking is involved. However, the temporal window is needed
to simulate the next set of data. PTCs measured using forward masking are sharper than those measured using simultaneous masking [39, 42, 43, 44]. The difference may
be the result of suppression. In forward masking the signal
is masked when excitation from the masker falls within
the auditory filter centred on the signal. In simultaneous
masking, the signal threshold may be elevated by excitation from the masker, and by the masker suppressing (i.e.
reducing the effective level of) the signal [36, 45].
The stimuli used in the simulations replicate the stimuli used in Experiment 1 in the Moore et al. [43] study,
with the exception that notched noise (included to limit
off- frequency listening) was not added to the signal and
the masker. (The spectrum levels of the notched noise used
in the experiment, between 5 and 18 dB, were too low
compared to the masker level to have had any significant
suppressive effects.) The signal frequency was 1 kHz. The
masker was a 50-Hz wide band of noise with a steady-state
duration of 200 ms and 10-ms ramps. The signal was a sinusoid with no steady state and 10-ms ramps. The signal
was presented either simultaneously with the masker (with
a 10-ms delay between signal offset and masker offset) or
immediately after the masker offset (forward masking, no
gap). The signal level was fixed at 52 dB SPL for simultaneous masking and at 38.5 dB SPL for forward masking.
The absolute threshold for the signal, used to calculate the
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The model can reproduce suppression because of the
combined effects of the two gammatone filters in the nonlinear pathway (see Figure 2). In the suppression region,
the first gammatone filter passes both the suppressor and
the masker tone. These are then compressed together by
the nonlinearity. The second gammatone filter in the nonlinear pathway largely removes the frequency component
corresponding to the suppressor. However, because the
masker tone is compressed with the suppressor, its level
at the output of the second filter is less than it would be
if it were presented alone. The second filter in the DRNL
model is intended to represent an aspect of the BM response. However, it is also possible that a filter may exist
between the BM and the auditory nerve [78]. Such a filter could help to explain some of the differences between
suppression on the BM and in the nerve, for example, the
greater effect of below-CF suppressors in the neural data
[31, 79].
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Figure 6. Psychophysical tuning curves (PTCs) from Moore et
al. [43] (solid points) compared to predictions of the DRNL temporal window model (broken lines). The 1-kHz tonal signal was
presented either simultaneously with, or following, a 50-Hz wide
narrowband noise masker. Masker frequency refers to the centre
frequency of the noise band. Masker level refers to the overall
level of the noise band. The same model parameters were used
for predicting the PTC for simultaneous masking (diamonds and
dashed line) and the PTC for forward masking (squares and dotted line).

constant added to the output of the temporal window, was
18.5 dB SPL.
The predictions of the model were compared with the
mean data from the two listeners from the Moore et al.
study, BG and JW. To find the best fit to the data, the
model parameter (the detection efficiency) was varied
adaptively. The best fitting value was 3.94 dB. This value
was higher than the 1.41 dB that provided the best fit to
the upward spread of masking data. It is possible that the
discrepancy was the result of differences in the shape of
the temporal window, in the precise form of the cochlear
nonlinearity, or in detection efficiency, between the listeners in the two experiments. In forward masking, threshold
differences of 10 dB or more can be observed between individuals in some conditions [65]. It is also conceivable,
however, that the decision device in the model is too simplistic to account for different signal characteristics and
masking paradigms.
It can be seen from Figure 6 that the model captures the
main characteristics of the data quite well. The PTC for
forward masking is sharper than the PTC for simultaneous
masking, particularly on the high-frequency side. This reflects the greater influence of suppression for frequencies
above CF, as observed in the pulsation threshold results of
Houtgast. The model demonstrates that the pattern of suppression measured psychophysically (and physiologically
in the auditory nerve) is roughly consistent with the differences seen between simultaneous and nonsimultaneous
frequency selectivity. Again, this is consistent with the nok
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tion that the main nonlinearity in this form of masking is
cochlear in origin.
It is important to understand the mechanism of masking
in the level and frequency region between the PTC measured in forward masking and the PTC measured in simultaneous masking. One possibility is that the masker is suppressing the signal to a level below absolute threshold; the
other possibility is that the masker is both suppressing the
signal and providing excitatory masking [36]. This possibility can be investigated in the model by simply removing
the constant that causes absolute threshold. If masking in
the suppressive region is still observed, then there must be
some excitatory masking involved. Removing the absolute
threshold limit was found to have no significant effect on
the form of the simulated PTCs. This means that, in the
model at least, the masker is reducing the effective level
of the signal to the point at which it is masked by masker
excitation. This is consistent with the findings of Moore
and Vickers [45] who showed that simultaneous masking
for masker frequencies below the signal frequency could
not be explained on the basis of suppression alone; some
excitatory masking was also evident.
Houtgast [39] suggested that suppression could not be
measured in simultaneous masking because suppression
affects both masker and signal excitation equally at a given
place on the BM, resulting in no change in the signal-tomasker ratio. In this view, suppression is a form of “distributed attenuation”, acting from one part of the excitation
pattern to another [40, 80]. Another possibility is that suppression by the masker is a form of “simple attenuation”,
causing a reduction in the whole excitation pattern produced by the signal and being equivalent to a simple reduction in the physical level of the signal [80]. If distributed
attenuation is the mechanism for suppression, then “self”
suppression can sharpen the excitation pattern of a single
component [39]. If simple attenuation is correct then suppression only occurs between frequency components.
If the model presented here is an accurate reflection of
the basic mechanisms of cochlear filtering, then suppression can be seen to be neither a distributed nor a simple attenuation [31]. Suppression acts from one frequency component to another, but only affects excitation in the region
of the cochlea for which the frequencies of the suppressor and the suppressee both fall within the compressive region of the response (i.e., within the first gammatone filter
in the DRNL model). In the model there is no self suppression. The effect of the nonlinear pathway is always to
amplify, never to suppress, the response to a single tone
falling within the frequency range near CF.
It should be noted that the model can reproduce some
of the characteristics of two-tone suppression because the
DRNL is a true nonlinear filter, not a “quasi-linear” filter. A quasi-linear filter uses a linear filter that changes its
shape depending on the input level [13, 14]. Such a filter cannot reproduce the effects of suppression, although
it can simulate upward spread of masking.
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2.4. Limitations of the model
The model presented here extends the previous work on
the nonlinear temporal window [26, 59, 65] to account for
the differential effects of frequency. Although the model
seems to provide a reasonable account of the data presented here, there are some aspects of temporal masking
that the model cannot explain. Perhaps the most serious
is the growth of suppression for suppressor frequencies
above and below CF. Using a wide range of levels and
frequencies Duifhuis [37] has shown quite clearly that the
growth in suppression with suppressor level is greater for
suppressors below the suppressee frequency than for suppressors above the suppressee frequency. The model cannot account for this effect, no matter how the parameters
are adjusted, since the output of the first gammatone in
the nonlinear pathway of the DRNL does not provide a
frequency- dependent influence on the properties of the
nonlinearity stage. As described in section 1.1, the upward
spread of simultaneous masking may be influenced by suppression for low signal levels. Although this has not been
explicitly tested, the model is unlikely to be able to account
for the steep growth of masking in these situations.
The different growth rates for suppressor frequencies
above and below CF are observed in the response of the
BM [81] and the auditory nerve [82], however. Goldstein’s
model of the BM response [70, 71], in which low frequencies are expanded, added to the input near CF, and
then compressed, can account for this differential growth.
Clearly, some additional refinement of the DNRL model
will be required to account for this aspect of the physiological and psychophysical data.
The model is not intended, at this stage in its development, to be a complete model of masking. It is used here
to add weight to the argument that a simulation of the
response characteristics of the BM, followed by a linear
intensity integrator, may be all that is needed to simulate
most temporal masking effects. It is clear that the DRNL
filter does not account for all the properties of cochlear
processing. However, it provides a reasonable approximation of some of these properties, and to the same extent
the DRNL temporal window model can provide a reasonable account of those aspects of temporal masking that are
dependent on these properties. Implemented as a complete
filterbank, the DNRL model’s relative simplicity and computational speed should make it an interesting alternative
front-end processor, with or without the temporal window,
for many applications and models of auditory processing
and speech recognition.

3. Summary
In this article a possible cause of nonlinear psychophysical masking was considered, with specific reference to the
extreme nonlinearities observed in temporal masking. The
conclusions of the article can be expressed as follows:
1. The main nonlinearities observed in temporal masking
(growth of forward masking, effect of masker duration,
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nonlinear additivity, upward spread of masking, and suppression) are all consistent with the known nonlinear properties of the BM, measured directly in non-human mammals.
2. A revised version of the temporal window model, including a nonlinear auditory filter (derived originally from
physiological data) and a linear intensity integrator, can
account for the frequency-dependent nonlinearity of upward spread of masking and for some aspects of two-tone
suppression. It had been shown previously that a similar single-channel model could account for the nonlinear
masking effects relating to the BM response at CF.
3. The findings provide support for the hypothesis that,
with regard to temporal masking, temporal processing subsequent to the cochlea can be modelled as a linear function
of BM intensity.
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