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Previously we described a model for calculating the loudness of steady sounds from their
spectrum. Here a new version of the model is presented, which uses a waveform as its input.
The stages of the model are as follows. (a) A finite impulse response filter representing
transfer through the outer and middle ear. (b) Calculation of the short-term spectrum using
the fast Fourier transform (FFT). To give adequate spectral resolution at low frequencies,
combined with adequate temporal resolution at high frequencies, six FFTs are calculated in
parallel, using longer signal segments for low frequencies and shorter segments for higher
frequencies. (c) Calculation of an excitation pattern from the physical spectrum.
(d) Transformation of the excitation pattern to a specific loudness pattern. (e) Determination
of the area under the specific loudness pattern. This gives a value for the “instantaneous”
loudness. The short-term perceived loudness is calculated from the instantaneous loudness
using an averaging mechanism similar to an automatic gain control system, with attack and
release times. Finally the overall loudness impression is calculated from the short-term
loudness using a similar averaging mechanism, but with longer attack and release times. The
new model gives very similar predictions to our earlier model for steady sounds. In addition,
it can predict the loudness of brief sounds as a function of duration and the overall loudness
of sounds that are amplitude modulated at various rates.

0 INTRODUCTION
In an earlier paper [1] we described a model for the calculation of the loudness of steady sounds from the spectra
of those sounds. Many of the concepts used in developing
the model were based on the work of earlier researchers
[2]–[6]. However, for certain types of sounds our model
gave more accurate predictions than earlier models.
Two aspects of our model limited its application. First
the model required as input a specification of the spectrum
of the sound. For most applications, such as estimating the
loudness of environmental sounds arising from heating,
ventilation, and air-conditioning (HVAC), this meant that
spectra had to be calculated (usually in one-third-octave
bands) from the time waveforms of the sounds. While onethird-octave spectra give adequate resolution for sounds
with smooth broad-band spectra, they do not always give
adequate resolution for sounds with discrete spectral components. A second limitation was that the model was
applicable only to steady sounds. Many everyday sounds,
such as speech and music, are time-varying, and it would
be useful to have a way of calculating the loudness of such
sounds. For sounds like speech, there are two aspects of
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the loudness impression: the listener can judge the shortterm loudness, for example, the loudness of a specific syllable; or the listener can judge the overall loudness of a
relatively long segment, such as a sentence. We will refer
to the latter as the long-term loudness. The long-term
loudness probably reflects relatively “high-level” cortical
processes and involves memory. The long-term loudness
impression can persist for several seconds after a sound
has ceased.
The model presented in this paper is intended to overcome these two limitations: it uses as input the time waveform of a sound, as might be picked up by a microphone
in a specific location; and it produces running estimates of
the short-term and long-term loudness. A loudness model
capable of operating on the time waveform of a sound was
described some years ago by Zwicker and coworkers [7]–
[9]. Although the model was implemented using analog
electronics, this was both costly and complex, and the
model did not find widespread application. A somewhat
simpler model, implemented using digital signal processing, was described by Stone et al. [10], but this model
includes only a very simple form of temporal integration
and does not account adequately for the loudness of
amplitude-modulated sounds, a topic that will be discussed in more detail. Loudness is also calculated from the
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time waveforms of sounds in some commercially available devices. However, it appears that these devices base
their calculations on the method described in ISO 532
[11], which is intended for use with steady sounds. Hence
the outputs of these devices may not correspond accurately to the loudness impression evoked by time-varying
sounds.
One aspect of loudness that we wished to account for with
our new model was the long-term loudness of amplitudemodulated sounds. When listening to a sound that is
amplitude modulated at a moderate rate, say 10 Hz, it is
easy to hear that the sound is fluctuating, but at the same
time one gets an overall impression of loudness––the
long-term loudness. However there is some controversy as
to the physical measure that correlates best with the longterm loudness. Data on the long-term loudness of
amplitude-modulated sinusoidal carriers were presented
by Bauch [12]; see also Zwicker and Fastl [6]. Subjects
were required to adjust the level of a steady tone to match
the loudness of a modulated tone. For very low modulation rates, below about 10 Hz, the loudness of the modulated tone corresponded to its peak level. In other words,
the steady tone was judged equal in loudness to the modulated tone when its level was equal to the peak level of
the modulated tone. For higher rates, up to about one-half
of the critical bandwidth, the loudness decreased and corresponded to the rms level. For rates larger than about onehalf of the bandwidth of the auditory filter [13], the loudness increased, as the spectral components were resolved
by the auditory system. Results were similar for carrier
frequencies from 400 to 4000 Hz and for levels ranging
from 30 to 70 dB SPL.
Hellman [14] used a magnitude estimation method to
estimate the loudness of two-tone complexes as a function
of the frequency separation of the tones. Her conclusions
were similar to those of Bauch; for small frequency separations (corresponding to low beat rates) the loudness corresponded to the peak level of the two tones, whereas for
larger separations it corresponded to the rms level.
Fastl [15] obtained loudness matches between a sinusoid and a narrow-band noise, both centered at 8.5 kHz. A
noise band has inherent amplitude fluctuations, which
increase in rate with increasing bandwidth. He found that,
for bandwidths from 10 Hz up to about 300 Hz, the sinusoid and the noise were judged as equally loud when their
rms values were roughly equal. For greater bandwidths,
the sinusoid had to have a higher level than the noise for
the loudness to match. This effect amounted to about 4 dB
for a bandwidth of 700 Hz. Fastl [15] did not obtain loudness matches for noise bandwidths less than 10 Hz, so it is
not known whether the loudness would have increased for
a noise with very slow fluctuations.
Moore et al. [16] presented data on the loudness of
amplitude-modulated tones. Loudness matches were made
between a steady 4000-Hz sinusoid and a 4000-Hz sinusoidal carrier that was amplitude modulated at various
rates and depths. The modulated and steady sounds were
presented in regular alternation, and matches were made
with both the steady tone varied and the modulated tone
varied. The mean results differed from those of Bauch
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[12]. For modulation rates above 4 Hz, at the point of
equal loudness the modulated tone had a slightly higher
rms level than the steady tone and a markedly higher peak
level. For modulation rates of 4 Hz and below, the modulated and steady tones had almost equal rms levels at the
point of equal loudness. There was no significant effect of
overall level or of modulation depth. Similar results were
found by Moore et al. [17] for both sinusoidal carriers and
carriers consisting of white noise and noise with the same
long-term average spectrum as speech.
Zhang and Zeng [18] attempted to replicate some of the
results of Bauch [12], but using an adaptive procedure with
two interleaved staircases to determine the point of equal
loudness [19]. They used both a two-tone complex (that is,
a pair of beating tones) and a three-tone complex with
components added in two different starting phases, producing either amplitude modulation or quasi-frequency
modulation. All sounds were centered at 1000 Hz. For
intermediate modulation rates, at the point of equal loudness the steady sound had a slightly lower rms level than
the modulated sound, as was also reported by Moore et al.
[16], [17]. However, for very low modulation rates (below
10 Hz) the steady sound had a slightly higher rms level
than the modulated sound at the point of equal loudness.
The results for very low rates fell between those reported
by Bauch [12] and those reported by Moore et al. [16], [17].
Grimm et al. [20] obtained loudness matches between
an unmodulated broad-band (3800-Hz-wide) noise centered at 2000 Hz and a noise that was multiplied by a sinusoid. For frequencies of the multiplying sinusoid between
4 and 32 Hz, the steady noise had to be about 1 dB higher
in level than the multiplied noise to obtain equal loudness.
This effect is in the same direction as reported by Zhang
and Zeng [18]. In another experiment the frequency of the
multiplying sinusoid was fixed at 8 Hz while the noise
bandwidth was varied. For the narrow-band carriers (200Hz-wide noise or sinusoid) the results were as reported by
Moore et al. [16], [17]; the modulated sound had a slightly
(about 1-dB) higher level than the unmodulated sound at
the point of equal loudness. For wide-band carriers the
effect reversed.
Based on this overview of the literature, we conclude
that for carriers that are amplitude modulated at very low
rates, the perceived loudness corresponds to a level
between the rms level and the peak level. For sounds that
are modulated at intermediate rates, the loudness corresponds to a level close to but slightly below the rms level.
For sounds that are modulated at high rates, the spectral
sidebands may be resolved (at least for sinusoidal carriers), which usually leads to an increase in loudness; the
modulation rate at which this first occurs increases with
increasing center frequency [12]. We sought to develop a
model that would give predictions of this form.
A second aspect of loudness perception that we wished
to account for was the way that loudness changes with
duration, for a fixed intensity; this is often described as
temporal integration for loudness. Data on this topic show
considerable variability across studies; for reviews and
data see Scharf [21], Florentine et al. [22], and Buus et al.
[23]. The variability reflects the great difficulty that subJ. Audio Eng. Soc., Vol. 50, No. 5, 2002 May
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jects seem to have in comparing the loudness of sounds of
different durations. However, it is generally agreed that,
for a fixed intensity, loudness increases with increasing
duration for durations up to 100–200 ms, and then
remains roughly constant. For durations less than 100 ms,
the loudness increases by roughly 10 phons for each tenfold increase in duration, although this rule may fail at
very short durations as the spectrum of the sound broadens considerably for very short durations. We sought to
develop a model that would predict these basic features of
temporal integration of loudness.
1 DETAILS OF MODEL
In what follows we assume a sampling rate of 32 kHz
and 16-bit resolution, although the model can readily be
adapted for use with other sampling rates and resolutions,
such as 48 kHz and 24 bit.
1.1 Transfer through the Outer and Middle Ear
The transfer of sound through the outer and middle ear
can be modeled using fixed filters, although the filtering
produced by the outer ear depends on the direction of
incidence of the sound relative to the head [24]. The
transfer function of the outer ear for frontal incidence
used in our model is given in Moore et al. [1, fig. 2]. The
assumed transfer function of the middle ear is given in
Moore et al. [1, fig. 3]. In the version of the model
described here, the combined effect of the outer and middle ear is modeled by a single finite impulse response
(FIR) filter with 4097 coefficients. We decided to simulate
the effects of the outer and middle ear in this way, rather
than by modifying magnitude values in the fast Fourier
transform (FFT), because the spectral smearing produced
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by time-window analysis did not allow sufficient accuracy
at low frequencies.
The filter was designed using the FIR2 function in
MATLAB. The transfer characteristic of this filter, for a
sound with frontal incidence, is shown in Fig. 1. The filter
is constructed so as to have a gain of 0 dB at 1000 Hz.
Other filters can be used for different directions of sound
incidence. The output of the filter can be considered as
representing the sound reaching the cochlea (the inner
ear).
1.2 Calculation of Running Spectrum and
Excitation Pattern
The cochlea can be characterized as containing a bank
of bandpass filters whose center frequencies span the
range from about 50 to 15 000 Hz [1], [25]. The bandwidths of the filters increase with increasing center frequency. For a filter centered around 100 Hz the equivalent
rectangular bandwidth (ERB) is about 35 Hz, whereas at
10 000 Hz it is about 1100 Hz [13]. The filters are level
dependent, the low-frequency slopes becoming less steep
with increasing level [26]–[29]. The magnitude of the output of each filter in response to a given sound, plotted as a
function of filter center frequency, is called the excitation
pattern of that sound [25], [30], and the calculation of the
excitation pattern is an important stage in most loudness
models.
Some researchers have proposed time-domain models
of the level-dependent auditory filter bank [31]–[34].
However, these models are computationally intensive, and
are unsuitable for applications where results are required
quickly, or in real time. Also, some of the models have
parameters chosen to fit data from animals, and they do
not provide an accurate characterization of human audi-

Fig. 1. Transfer function of finite impulse response digital filter used to simulate effects of outer and middle ear. Gain scaled to be 0
dB at 1000 Hz.
J. Audio Eng. Soc., Vol. 50, No. 5, 2002 May
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tory filters. We have adopted a computationally efficient
method of calculating the excitation pattern, based on an
initial spectral analysis using the FFT. To obtain spectral
resolution at low frequencies comparable to that of the
auditory system, the analysis of relatively long (about 64ms) segments of the input signal is required. However, for
high center frequencies, the use of such long segments
would have the effect of limiting temporal resolution in a
way that does not occur in the auditory system. For example, when a high carrier frequency is used, amplitude
modulation at rates up to several hundred hertz can be
detected without the resolution of spectral sidebands [35],
[36]. To give adequate temporal resolution at high frequencies, analysis using much shorter signal segments
(about 2 ms) is required.
To deal with these problems, our model calculates six
FFTs in parallel, using signal segment durations that decrease with increasing center frequency. The six FFTs are
based on Hanning-windowed segments with durations of
2, 4, 8, 16, 32, and 64 ms, all aligned at their temporal centers. The windowed segments are zero padded, and all
FFTs are based on 2048 sample points. All FFTs are updated at 1-ms intervals.
Each FFT is used to calculate spectral magnitudes over
a specific frequency range; values outside that range are
discarded. These ranges are 20 to 80 Hz, 80 to 500 Hz,
500 to 1250 Hz, 1250 to 2540 Hz, 2540 to 4050 Hz, and
4050 to 15 000 Hz for segment durations of 64, 32, 16, 8,
4, and 2 ms, respectively. An excitation pattern is calculated from the short-term spectrum at 1-ms intervals, using
exactly the same method as described in Moore et al. [1].
Briefly, the outputs of the auditory filters are calculated
for center frequencies spaced at 0.25-ERB intervals, taking into account the known variation of the auditory filter
shape with center frequency and level [13]. The excitation
pattern is then defined as the output of the auditory filters
as a function of the center frequency.
1.3 Calculation of Instantaneous Loudness
The next stage in the model is the calculation of what
we call the “instantaneous” loudness. We assume that the
instantaneous loudness is an intervening variable which is
not available for conscious perception. It might correspond, for example, to the total activity in the auditory
nerve, measured over a very short time interval, such as 1
ms. The perception of loudness depends on the summation
or integration of neural activity over times longer than 1
ms. This summation process is modeled subsequently.
The calculation of instantaneous loudness from the
excitation pattern is done in the same way as in our earlier
model [1]; the reader is referred to that paper for details.
Briefly, the excitation pattern is transformed to a specific
loudness pattern, and the area under the loudness pattern
is summed to give the instantaneous loudness for a given
ear. The transformation from excitation to specific loudness involves a compressive nonlinearity, meant to resemble the compression that occurs in the cochlea [37], [38].
If two ears are being used, the instantaneous loudness is
summed across ears to give the overall instantaneous
loudness.
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1.4 Calculation of Short-Term Loudness
The short-term loudness, the loudness perceived at any
instant, is calculated using a form of temporal integration
or averaging of the instantaneous loudness which resembles the way that a control signal is generated in an automatic gain control (AGC) circuit. Such a control signal
has an attack time Ta and a release time Tr. This was
implemented in the following way. We define Sn as the
running (averaged) short-term estimate of loudness at the
time corresponding to the nth time frame (updated every 1
ms), Sn as the calculated instantaneous loudness at the nth
time frame, and Sn1 as the running loudness at the time
corresponding to frame n  1.
If Sn  Sn1 (corresponding to an attack, as the instantaneous loudness at frame n is greater than the short-term
loudness at the previous frame), then
Sn  aa Sn  (1  aa ) Sn1

(1)

where aa is a constant related to Ta,
aa  1  eTi /Ta .

(2)

Here Ti is the time interval between successive values of
the instantaneous loudness (1 ms in this case).
If Sn  Sn1 (corresponding to a release, as the instantaneous loudness is less than the short-term loudness), then
Sn  a r Sn  (1  a r) Sn1

(3)

where a r is a constant related to Tr,
a r  1  eTi /Tr .

(4)

The values of aa and a r were set to 0.045 and 0.02,
respectively. The value of aa was chosen to give reasonable predictions for the variation of loudness with duration; see later for details. The value of a r was chosen to
give reasonable predictions of the overall loudness of
amplitude-modulated sounds. The fact that aa is greater
than a r means that the short-term loudness can increase
relatively quickly when a sound is turned on, but it takes
somewhat longer to decay when the sound is turned off.
The decay may correspond to the persistence of neural
activity at some level in the auditory system and it may be
related to forward masking [6], [39].
1.5 Calculation of Long-Term Loudness
The long-term loudness is calculated from the shortterm loudness, again using a form of temporal integration
resembling the operation of an AGC circuit. Denote the
long-term loudness at the time corresponding to frame n
by Sn. If Sn  Sn1 (corresponding to an attack, as the
short-term loudness at frame n is greater than the longterm loudness at the previous frame), then
Sn  aalSn  (1  aal)Sn1

(5)

where aal is a constant related to the attack time of the
averager [as described in Eq. (2)].
J. Audio Eng. Soc., Vol. 50, No. 5, 2002 May
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If Sn  Sn1 (corresponding to a release, as the shortterm loudness is less than the long-term loudness), then
Sn  a rlSn  (1  a rl)Sn1

(6)

where a rl is a constant related to the release time of the
averager.
The values of aal and a rl were set to 0.01 and 0.0005,
respectively. The fact that aal is greater than a rl means that
the overall loudness impression can increase relatively
quickly when a sound is turned on, but it takes a long time
to decay when the sound is turned off.
2 PREDICTIONS OF THE MODEL FOR STEADY
SOUNDS
Is it important that the new model make predictions of
loudness and absolute threshold for steady sounds comparable in accuracy to those of our earlier model [1]. Hence
we start by presenting predictions for steady sounds. We
then go on to consider the loudness of time-varying
sounds. In deriving the predictions for steady sounds, we
used signals of relatively long duration, typically greater
than 2000 ms, and determined the long-term loudness
between 600 and 2000 ms after the start of the signal. For
sounds with very slow amplitude fluctuations, such as narrow bands of noise, the long-term loudness was averaged
over this time period.
2.1 Absolute Thresholds
As in our earlier model [1], the absolute threshold of a
sound corresponds to the level at which the loudness is
0.003 sones or 2 phons. Hence the absolute threshold for
any sound can be predicted simply by determining the
level of the sound required to give a predicted loudness of
0.003 sones. The lowest solid curve in Fig. 2 shows
thresholds predicted by the new model for sinusoids as a

function of frequency. These are thresholds for binaural
listening in free field (frontal incidence), otherwise known
as the minimum audible field (MAF). For comparison, the
dashed line shows the corresponding predictions of our
earlier model [1]. There is a very good correspondence
between the predictions of the two models (discrepancies
are nearly all less than 1 dB), and both sets of predictions
correspond well to the empirical values published in ISO
389-7 [40].
2.2 Loudness as a Function of Loudness Level
Fig. 3 shows the relationship between the level of a 1kHz sinusoid (loudness level in phons) and calculated
loudness in sones, assuming binaural presentation in the
free field. The solid and dashed curves show predictions of
the new model and our earlier model, respectively. The
correspondence is very good. The relationship shown in
Fig. 3 is used within the model to transform the calculated
loudness in sones to the loudness level in phons.
2.3 Equal-Loudness Contours
Fig. 2 shows equal-loudness contours predicted by the
new model for binaural listening in the free field (frontal
incidence). The lowest curve is the absolute threshold
(MAF) curve, corresponding to a loudness level of 2
phons. The contours are very similar to those predicted by
our earlier model [1]. Note that the contours are not
intended to correspond to the contours published as ISO
226 [41]. The ISO 226 contours are now believed to contain systematic errors [42], [43]. A new standard for equalloudness contours is currently being developed, and we
hope that the contours predicted by our model will correspond reasonably well to those in the new standard.
2.4 Loudness as a Function of Bandwidth
If the bandwidth of a sound is varied keeping the overall intensity fixed, the loudness remains constant as long

Fig. 2. Predicted equal-loudness contours for binaural listening in free field with frontal incidence. Parameter is loudness level. Lowest
curve is MAF for binaural listening. . . . . MAF predicted by earlier model [1].
J. Audio Eng. Soc., Vol. 50, No. 5, 2002 May
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as the bandwidth is less than a certain value (called the CB
for loudness). If the bandwidth is increased beyond the
CB, the loudness increases, except when the overall sound
level is very low [44]–[47]. The model can predict this
effect.
Fig. 4 shows the predictions of the model for a noise
band centered at 1000 Hz, with an overall level of 10, 20,
40, 60, or 80 dB SPL. It was assumed that the sound was
presented binaurally in a free field with frontal incidence.
The predicted curves resemble the empirically obtained
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results in general form, showing the following features:
1) The loudness is invariant with bandwidth for bandwidths less than about 160 Hz.
2) For the three higher levels, the loudness increases
for bandwidths greater than about 160 Hz, and the rate
of increase is slightly greater for medium than for high
levels.
3) At low levels the loudness increases very little with
increasing bandwidth and even decreases at the largest
bandwidths.

Fig. 3. Predicted loudness in sones, plotted as a function of level of a 1-kHz sinusoid presented binaurally in free field (frontal
incidence).

Fig. 4. Loudness level as a function of bandwidth for five different fixed overall noise levels. Noise was geometrically centered at 1000
Hz.
336
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3 LOUDNESS OF TIME-VARYING SOUNDS
The model provides estimates of the instantaneous
loudness, the short-term loudness, and the long-term loudness, each updated every 1 ms. Recall that the instantaneous loudness is assumed to be an intervening variable
that is not available to conscious perception. We assume
that the loudness of a brief sound is determined by the
maximum value of the short-term loudness.
3.1 Response to a Tone Burst
An example of the output of the model is given in Fig.
5, which shows the instantaneous loudness, the short-term
loudness, and the long-term loudness plotted as a function
of time for a 200-ms 4000-Hz tone burst, gated on and off
abruptly. Several features can be noted in this figure. First
the instantaneous loudness shows local maxima at times
corresponding to the onset and offset of the sound. These
are caused by spectral spreading related to the abrupt gating; this effect is discussed in more detail later. Related to
this, the short-term loudness also shows a slight rise at the
end of the signal. Second both the short-term and the longterm loudness take some time to build up, the long-term
loudness taking longer. In fact, the long-term loudness
does not quite reach its asymptotic value. Third both the
short-term and the long-term loudness take some time to
decay when the input ceases. We assume that the longterm loudness may correspond to a memory for the loudness of an event (a tone burst in this case), which can last
for several seconds, although it can probably be “reset” by
a new sound event.
3.2 Temporal Integration of Loudness
As noted in the Introduction, for a sinusoid of fixed
peak level, and for durations below about 100 ms, the
loudness level increases by roughly 10 phons for each tenfold increase in duration; this is equivalent to a 3-phon
increase per doubling of duration. For very short dura-
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tions, this relationship can break down because the spectrum of the signal becomes sufficiently broad to cause an
increased spread of the excitation pattern. In that case a
loudness summation effect occurs, similar to that described in Section 2.4, and the loudness level is slightly greater
than would be expected from the 3-phon-per-doubling
relationship. Fig. 6 shows the predicted loudness level as
a function of duration (time on a logarithmic scale) for
four cases. The signal was a gated sinusoid with a level of
60 dB SPL and a frequency of either 1000 or 4000 Hz.
The signal either had abrupt onsets and offsets (gated at
zero crossings) or had 5-ms raised-cosine ramps at the onset and offset.
For the 4000-Hz signal without ramps, the loudness
level increases by roughly 3 phons per doubling of duration over the range of durations from 5 to 80 ms. For
longer durations the increase in loudness level becomes
more gradual, and for durations beyond 160 ms the loudness level reaches an asymptote. All of these features
accord well with empirical data [21]. When the duration is
decreased from 4 to 2 ms, the loudness level decreases by
much less than 3 phons. This effect can be attributed to the
broadening of the signal’s spectrum for very short durations. When 5-ms ramps are added to the signal, the loudness level decreases more progressively with decreasing
duration. Again, these effects are consistent with empirical
data. It is noteworthy that the signal with ramps is very
slightly less loud than the signal without ramps for the
longer durations. This indicates that the spectral spread of
an abruptly gated signal produces a small increase in its
loudness even when the duration is as great as 200 ms.
The pattern of results for the 1000-Hz signal with 5-ms
ramps is similar to that for the 4000-Hz signal with ramps,
except that the overall loudness is lower. However, at 1000
Hz the spectral spread of the signal plays a role for slightly
longer durations. This happens because the ERB of the
auditory filter is smaller at 1000 than at 4000 Hz. For the
1000-Hz signal without ramps, the spectral splatter plays

Fig. 5. Output of model in response to 4000-Hz 200-ms tone, showing instantaneous loudness (–––), short-term loudness (– – –), and
long-term loudness (. . . .), plotted as a function of time.
J. Audio Eng. Soc., Vol. 50, No. 5, 2002 May
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a role over a wide range of durations and the slope is generally less than 3 dB per doubling of duration. Also, the
loudness is always greater for the signal without ramps
than for the signal with ramps. This happens because the
ramps decrease the spectral spread of the signal.
In conclusion, the model accounts well for the empirically
observed features of the temporal integration of loudness.
3.3 Long-Term Loudness of AmplitudeModulated Sounds
As described in the Introduction, there is some controversy in the literature over the loudness of amplitudemodulated sounds. However, the combined results across
studies indicate that for carriers that are amplitude modulated at very low rates, the perceived loudness corresponds
to a level between the rms level and the peak level. For
sounds that are modulated at intermediate rates, the loudness corresponds to a level close to but slightly below the
rms level. To generate model predictions of the loudness
of amplitude-modulated sounds, we determined the level
of a steady tone that gave the same predicted long-term
loudness as a modulated tone of the same frequency.
For modulation rates up to 10 Hz, the long-term loudness estimate fluctuates slightly, although at 10 Hz the
fluctuation amounts to only about 0.5 phon; the time constants used in the second averager are not sufficient completely to remove these fluctuations. This corresponds to
the subjective impression of listeners when attempting to
judge the overall loudness of sounds that are amplitude
modulated at low rates. The listeners complain that it is
difficult to make a judgment of overall loudness because
the loudness is continually changing. To make predictions
for these cases, we have used the mean value of the long-
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term loudness produced by the amplitude-modulated tone.
The solid line in Fig. 7(a) shows predictions of the
model for a 4000-Hz carrier that is 100% sinusoidally
amplitude modulated at rates from 2 to 1000 Hz. The figure shows the difference in rms level between the modulated and the unmodulated tones required to give equal
loudness. If loudness were determined by the peak level
for low modulation rates, the level difference would be
4.2 dB. In fact, the difference is about 2.5 dB for the
2-Hz modulation rate and increases to slightly positive
values for rates from 30 to 100 Hz. This is in good correspondence with the empirical data reviewed in the
Introduction. For even higher rates the level difference
decreases and becomes negative, because the spectral
sidebands are resolved and a loudness summation effect
across frequency occurs. Again, this accords well with the
experimental data [12], [18]. The results for a 1000-Hz
carrier are shown by the dashed line. They are similar to
those for the 4000-Hz carrier, except that the level difference starts to become negative at a smaller bandwidth.
This happens because the ERB of the auditory filter is
smaller at 1000 than at 4000 Hz, so spectral sidebands are
resolved at lower modulation rates at 1000 Hz.
The solid line in Fig. 7(b) shows predictions for a 4000Hz carrier that was sinusoidally amplitude modulated on a
decibel scale; we refer to this as dB modulation. The peakto-valley ratio of the modulation was 60 dB. With this
modulation depth, the ratio of the peak value of the envelope to the rms value is 8.1 dB. Loudness matches to
sounds of this type were obtained by Moore et al. [16],
[17]. For the 2-Hz modulation rate, the level of the modulated sound is about 3 dB below the level of the unmodulated sound at the point of equal loudness. For the 40-Hz

Fig. 6. Short-term loudness level as a function of duration of steady-state portion of tone pulses with frequencies of 1000 and 4000 Hz.
Tone pulses were either gated on and off abruptly (. . . .) or had raised-cosine 5-ms ramps (––).
338

J. Audio Eng. Soc., Vol. 50, No. 5, 2002 May

PAPERS

LOUDNESS APPLICABLE TO TIME-VARYING SOUNDS

components on loudness. It should be noted, however, that
such effects are mainly apparent for synthesized sounds
presented via earphones. When listening in a room, the
phase spectrum is to a large extent randomized by room
reflections, except when the listener is close to the sound
source [52].

rate, the level of the modulated sound is about 3 dB above
the level of the unmodulated sound at the point of equal
loudness. These results are broadly consistent with the
empirical data. For high modulation rates, the difference
in level decreases and becomes negative. This can be
attributed to the spectral spread of the dB-modulated signal, which starts to become significant for the 100-Hz
modulation rate. Again, results are similar for the 1000-Hz
carrier (dashed line) except that the level difference
becomes negative at a smaller bandwidth than for the
4000-Hz carrier.

5 IMPLEMENTATION OF THE MODEL
The model requires specification of the conditions of
presentation. These affect the FIR filter used to simulate
the effect of transmission through the outer and middle
ear. The options at present are free-field (frontal incidence), diffuse-field, or flat response at the eardrum. The
last option is appropriate for earphones designed to have a
flat response at the eardrum (such as Etymõtic Research
ER2 insert earphones). For earphones designed to have a
diffuse-field response (such as Etymõtic Research ER4 or
ER6, Sennheiser HD 414 and HD 580, and many others),
the diffuse-field option can be used.
The model also requires specification of a reference
level. For example, it can be “told” that a full-scale 16-bit
sinusoid corresponds to a free-field level (that is, the level
measured at the point corresponding to the center of the
listener’s head, the listener having been removed from the
sound field) of, say, 100 dB.

4 LIMITATIONS OF THE MODEL
Some of the limitations of our earlier model [1] also
apply to the present model, but will not be repeated here.
Although the present model can be applied to time-varying
sounds, the method of calculating a short-term spectrum
to derive an excitation pattern does not represent accurately the way that excitation patterns are evoked in the
human auditory system, via a bank of level-dependent
overlapping filters. In particular, our model does not take
into account the fact that the auditory filters have a phase
characteristic with significant curvature [48], [49].
Because of this curvature, harmonic complex sounds with
identical power spectra can give rise to waveforms on the
basilar membrane with very different peak factors (ratio of
peak amplitude to rms amplitude), depending on their
phase spectra [48], [49]. This in turn may lead to differences in loudness [50], [51]. The present model does not
correctly predict the effects of the relative phases of the

6 CONCLUSIONS
We have described a model that can be used to predict
the loudness of a sound from its waveform. The model has

(a)

(b)
Fig. 7. Difference in rms level required for predicted equal loudness of modulated and unmodulated tones, plotted as a function of modulation rate. Carrier frequency: –– 4000 Hz; . . . . 1000 Hz. (a) Sinusoidal modulation on linear scale with 100% modulation.
(b) Modulation on dB scale with peak-to-valley ratio of 60 dB.
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the advantage that it can be applied directly to the sound
picked up by a microphone, and does not require an intermediate stage of spectral analysis. The model can be
applied both to steady sounds, such as ventilation and airconditioning noise, and to time-varying sounds, such as
speech and music. For such sounds the model gives estimates both of the momentary short-term loudness and of
the long-term overall loudness impression. This may be
useful for monitoring the loudness of broadcast sounds,
including advertisements. The model gives accurate
results for sounds with both broad-band and narrow-band
spectra, and mixtures of the two.
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