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Summary
The loudness of a sound depends, among other parameters, on its temporal shape. Different loudness models
were proposed to account for temporal aspects in loudness perception. To investigate different dynamic concepts
for modeling loudness, predictions were made with the two current loudness models of Glasberg and Moore [J.
Acoust. Soc. Am. 50, 331–341 (2002)] and Chalupper and Fastl [Acta Acustica united with Acustica 88, 378–386
(2002)] for a set of time-varying sounds. The predicted effects of duration, repetition rate, amplitude-modulation,
temporal asymmetry, frequency modulation and the systematic variation of spectro-temporal structure on loud-
ness were compared to data from the literature. Both models predicted the general trends of the data for single,
repeated and asymmetric sound bursts and amplitude-modulated sounds. The model of Chalupper and Fastl seems
to agree slightly better with loudness data for sounds with strong spectral variations over time, since it includes a
dynamic stage which allows spectral loudness summation also for non-synchronous frequency components.

PACS no. 43.66.Cb, 43.66.Ba, 43.66.Mk

1. Introduction

Models for the prediction of loudness are valuable tools
since they can at least partly replace time consuming sub-
jective test. Accordingly, they are applied in a number of
fields, e.g. in the assessment of noise emissions or the de-
velopment and optimization of algorithms in hearing aids.
Due to the practical relevance, different standards have
been developed describing procedures to compute loud-
ness (e.g. [2, 3]). However, all current loudness models
are limited in their applicability to some extend. For ex-
ample, the standardized procedures to calculate loudness
mentioned above only provide valid loudness values for
signals that are stationary. Since it is desirable to have a
loudness model applicable to a wider range of sounds, it is
first necessary to know the capabilities and limitations of
current loudness models. This study compares the predic-
tions of two elaborate current loudness models represent-
ing different concepts for a set of time-varying sounds.

In general, loudness models can be subdivided into
models for stationary signals and those for time-varying
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sounds. Models for stationary signals disregard temporal
properties of the sound and are based on the long-term
spectrum of the signal. Apart from a weighting of the fre-
quencies they also account for the effect of bandwidth on
the overall loudness. If the bandwidth of a sound is varied
while keeping the overall intensity fixed, loudness remains
constant as long as the bandwidth is smaller than a criti-
cal bandwidth, for larger bandwidths, loudness increases
(e.g. [4, 5, 6, 7, 8, 9]). This effect called spectral loud-
ness summation is believed to result from an analysis of
the incoming sound by a bank of overlapping critical-band
filters followed by a compressive nonlinearity in each fil-
ter that transforms the intensity to specific loudness, and a
final loudness summation across channels. The bandwidth
of the auditory filters and the amount of compression af-
fect spectral loudness summation, i.e. the narrower the au-
ditory filters and the higher the compression, the larger the
amount of spectral loudness summation (see [10]). This
concept of spectral loudness summation has been imple-
mented in a number of loudness models, which success-
fully predict the loudness of stationary sounds as perceived
by normal-hearing (e.g. [11, 12, 13, 14, 15, 16, 17]) and
hearing-impaired listeners (e.g. [18, 19, 20, 21]).

Most natural sounds, however, are non-stationary and
have time-varying properties which also affect their loud-
ness. For example, several studies found that loudness of
sounds with the same intensity increases with duration
(e.g. [22, 23, 24, 25, 26, 27, 28, 29, 30]. This effect is com-
monly referred to as temporal integration of loudness. It is
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Figure 1. Schematic structure of the loudness models [20] (DLM,
left) and [38] (TVL, right).

usually modeled by assuming that the intensity or some
other transformation of the signal is analyzed by a leaky
integrator (see e.g. [26]). There is considerable variability
with respect to the time constants of the leaky integrator,
ranging from 25 ms [31, 32, 33] and 100 ms [25] to 200 ms
[22, 34, 35]. Some studies indicate that temporal integra-
tion may involve more than one time constant (e.g. [26]).
In addition, the decay time of the leaky integrator may be
longer than the rise time as suggested by e.g. Port [23],
Kumagai et al. [36] and Ogura et al. [37] to account for
the loudness of repeated sound bursts.

The are only a few models that were proposed to ac-
count for both spectral and temporal aspects of loudness,
among them are the models of Chalupper and Fastl [20]
and Glasberg and Moore [38]. Both models are based on
the model originally developed by Zwicker [12, 14] and
thus have a similar general structure. However, there ex-
ist some fundamental differences as far as their dynamic
properties are concerned. For example, Chalupper and
Fastl [20] only used a single time constant, but included
temporal effects of post-masking to describe the dynamic
behavior of their model. Glasberg and Moore [38] imple-
mented a more elaborate temporal integration stage using
several time constants in order to correctly predict loud-
ness of amplitude-modulated sounds.

In this study, predictions of the two models are com-
pared to data. For temporal integration of loudness, data
shown by Poulsen [26] and Pedersen et al. [39] were used.
The large number of participants (up to approximately
300 listeners) in the latter study ensured that the data re-
semble loudness perception of the average normal-hearing
listener. The comparison of predictions to the data pro-

vide insights into the accuracy of the attack time con-
stant of the temporal integration stage in the models. Un-
fortunately, a large data set as the one of temporal inte-
gration does not exist for other aspects of temporal loud-
ness perception. Thus, for loudness of sequences of noise
bursts, data from a study of Port [23] were used. The loud-
ness of sequences of noise bursts provides insights into
the release time constants of the models. For the loudness
of amplitude-modulated sounds, model predictions were
compared to the results of several studies [40, 41, 42, 43].
The comparison was included in the present study because
the models show conceptual differences in the procedure
to calculate loudness for this type of stimuli. For the loud-
ness of temporally asymmetric stimuli, data of Stecker and
Hafter [44] were used. Stecker and Hafter [44] showed
that the auditory image model (AIM, [45]) failed to predict
this temporal aspect of loudness. The present study inves-
tigates if this is also true for the two elaborate loudness
models. Finally, the interplay of the temporal and spec-
tral characteristics of the loudness models is studied us-
ing loudness data for sounds with time-varying spectra: on
the one hand, predictions are compared to data of Zwicker
[46] on the loudness of stimuli with a distinct spectro-
temporal pattern. On the other hand, the ability of the mod-
els to predict the data of Zwicker [47, 48] for loudness of
frequency-modulated sinusoids is investigated.

2. Model structures

2.1. Loudness model by Chalupper and Fastl

The Dynamic Loudness Model (DLM, [20]) accounts for
several aspects of dynamic loudness perception. The ba-
sic structure of the DLM is illustrated on the left side of
Figure 1. The input time signal is high-pass filtered using
a Butterworth filter with a cut-off frequency of 50 Hz to
account for the lower limit of the audible frequency range.
In the following stage, a bank of overlapping auditory fil-
ters is applied. The frequency basis of the filter bank is the
critical-band-rate scale or z-scale [49, 50], which approxi-
mates the frequency representation in the inner ear.

Relative to this scale, the DLM uses 24 equidistant
filters with center frequencies from 50 Hz (0.5 Bark) to
13500 Hz (23.5 Bark), i.e. with center frequencies equiv-
alent to the critical-band center frequencies as described
by Zwicker [49]. Accordingly, the width Δf of the filters
is the critical bandwidth (CB, in Hz), which is related to
center frequency fc (in kHz) by

Δf = 25 + 75[1 + 1.4f2
c ]0.69. (1)

At the output of the filter-bank stage, 24 band-pass filtered
time signals are available. For each channel, a temporal
window with an equivalent rectangular duration (ERD) of
4 ms is temporally shifted along the signal in steps of 2 ms
to compute the short-term root-mean-square (rms) value.
The form of the temporal window was chosen according
to masking experiments by Moore et al. [51] and Plack
and Moore [52], who suggested to describe each side of
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the window as the sum of two rounded-exponential func-
tions. The transmission of sound from free-field through
outer and middle ear is accounted for by a correction fac-
tor in the next stage, resulting in the quantity excitation E.
The excitation is then transformed to specific loudness in
several steps. Firstly, the quantity main loudness is calcu-
lated applying the compressive relation between excitation
and loudness and accounting for loudness near threshold
in a way very similar to the original model [12, 14]. The
exponent describing the compression has a value of 0.23.
Then, effects of forward masking are included (the influ-
ence of backward masking is neglected). This is achieved
in a non-linear stage by appending temporal tails to peaks
of the specific loudness. The time constants are chosen ac-
cording to forward masking experiments by Zwicker [53],
and accordingly depend on level and duration (see [54]
and [55] for details).

Subsequently, spectral masking is accounted for accord-
ing to DIN 45631 [2]. The resulting specific loudness-time
pattern N �(z, t) is then integrated along the frequency di-
mension, which gives the so-called instantaneous loudness
as a function of time. This instantaneous loudness can be
interpreted as “an intervening variable which is not avail-
able for conscious perception” [38]. In the final stage of
the model, the instantaneous loudness is integrated using a
first-order low-pass filter with a cut-off frequency of 8 Hz.
The resulting quantity is called short-term loudness and
can be described as “the loudness perceived at any instant”
[38]. When the loudness of different sounds is compared,
an assessment of the overall loudness is required. Zwicker
[46, 48] found that the peak value of the short-term loud-
ness is the dominant aspect when globally judging the
loudness of short sounds. Accordingly, for the simulations
in the present study, the peak value of the short-term loud-
ness was taken as an estimate of the global loudness for
the DLM for all simulations.

2.2. Loudness model by Glasberg and Moore

Glasberg and Moore [38] developed a loudness model ap-
plicable to time-varying sounds (time-varying loudness
model, referred to as TVL in this study) on the basis of
their earlier models for stationary sounds [15, 17], which
were in turn based on the loudness model by Zwicker
[12, 14]. The general structure is schematically shown on
the right side of Figure 1. As in the DLM, the time sig-
nal of the stimulus is used as input to the model. A fixed
filter represents the combined effect of the transfer func-
tion from free-field to ear drum and of the transmission
through the middle ear. As an intermediate variable, the
excitation pattern is calculated from the effective spectrum
reaching the cochlea (i.e. after accounting for the trans-
fer through outer and middle ear). To obtain a spectrum
which approximates the spectral and temporal resolution
of the hearing system for the different frequency regions,
the filtered time signal is analyzed using six parallel Fast
Fourier Transforms (FFTs), each assigned to a different
frequency range. Hamming windows with lengths of 64,
32, 16, 8, 4, and 2 ms are used to compute components

at the frequency regions 20 to 80 Hz, 80 to 500 Hz, 500
to 1250 Hz, 1250 to 2450 Hz, 2450 to 4050 Hz, and 4050
to 15000 Hz, respectively. The short-term spectra are cal-
culated by shifting the temporal analysis windows - all
aligned at their temporal centers - along the time signal
in steps of 1 ms. Each millisecond, the excitation pattern is
calculated from the resulting spectra in the same way as in
the stationary model [17], accounting for the width of the
auditory filters, their level dependence and their variation
with center frequency. For the same reasons as Chalup-
per and Fastl [20], Glasberg and Moore [38] use a trans-
formed frequency scale which more closely relates to the
representation of sound in the auditory system than a liner
frequency scale in Hertz. However, instead of the critical-
band-rate scale, they use a scale based on the equivalent
rectangular bandwidth (ERB) of the auditory filters, as es-
timated in notched-noise experiments [56, 57, 58].

The ERB (in Hz) as a function of center frequency fc
(in kHz) can be described by

ERB = 24.7(4.37fc + 1). (2)

The excitation pattern is transformed into specific loud-
ness as in the stationary loudness model [17]. As in the
DLM, compression and the influence of hearing threshold
are included in the transformation. The compressive ex-
ponent has a value of 0.20. The specific loudness is then
summed across frequency. After this stage of the model,
instantaneous loudness is available at a sampling rate of
1 ms, i.e. the same rate at which the spectra and excitation
patterns are computed. The instantaneous loudness, which
closely follows the temporal envelope of the input signal,
is integrated using an attack time constant of about 22 ms
and a release time constant of about 50 ms, resulting in
the short-term loudness. The short-term loudness is subse-
quently integrated with a temporal window similar to the
one used for the derivation of the short-term loudness but
now with longer time constants: 99 ms for the attack time
constant and 2000 ms for the release time constant. The
resulting long-term loudness is meant to describe loudness
sensations that are built rather slowly, e.g. for sounds mod-
ulated at a very slow rate. As for the DLM, the maximum
of the short-term loudness was used to assess the overall
loudness of short stimuli. For longer signals, the complex
temporal integration stage in the TVL offers more flexi-
bility to account for the loudness of slowly time-varying
stimuli. Glasberg and Moore [38] suggested to use the
mean value of the long-term loudness when describing the
loudness of amplitude-modulated sounds. This suggestion
was followed in the present study for both amplitude and
frequency-modulated stimuli.

2.3. Principal differences between the models

While the two models share a common general structure,
there are some fundamental differences, which influence
the predictions of loudness for stationary and time-varying
sounds. One difference is the way the models account for
the transmission characteristics of outer and middle ear.
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While the DLM uses a transmission factor, the TVL uses
a fixed filter prior to auditory filtering. The structure of the
DLM was motivated by a standard (DIN 45631), whereas
the stage of the TVL seems to be more reasonable from the
physiological point of view. Furthermore, the frequency
scales and widths of the auditory filters in the two mod-
els differ, since they are based on the CB (DLM), or the
ERB (TVL). The differences between CB and ERB are
largest at frequencies below 500 Hz, where the CB is con-
stant at about 100 Hz, while the ERB decreases monoton-
ically with frequency down to about 25 Hz. Thus, espe-
cially for sounds with low-frequency components, differ-
ent predictions of the two models may occur. In the origi-
nal implementation of the TVL, Glasberg and Moore [38]
allowed for a binaural sound input by calculating the loud-
ness at each ear separately and finally summing the loud-
nesses across ears to compute the overall loudness. While
this principle was refined in the mean time based on more
recent experimental evidence [16], the fact that, in princi-
ple, binaural loudness can be computed may be regarded
as an advantage of the TVL over the DLM, which only
computes loudness of diotic stimuli. Since the main topic
of the current study is the prediction of loudness of time-
varying sounds, this potential advantage will not be con-
sidered in the following.

The functions relating specific loudness to level are dif-
ferent in the two models (cf. [59]). On the one hand, both
models account for the influence of absolute threshold,
which results in a steeper increase of loudness with level
below about 40 dB SPL for narrowband signals. On the
other hand, the DLM assumes a simple exponential in-
crease for levels larger than 40 dB SPL, while the TVL
predicts a steeper, less compressive loudness growth at
very high levels (≥ 100 dB). For modeling temporal as-
pects of loudness, another fundamental difference is that
the TVL computes both short-term and long-term loud-
ness, while only short-term loudness is derived from the
instantaneous loudness in the DLM using a simple low-
pass filter. This means that attack and release time con-
stants for temporal integration are the same in the DLM,
while the release time constants are longer than the attack
time constants in the TVL for both short-term loudness
and long-term loudness. In principle, this more complex
integration stage makes the TVL more flexible since more
parameters are used to predict loudness of time-varying
sounds. On the other hand it implies that, for a single
paradigm, there are several possibilities to compute loud-
ness and the user of the model has to decide whether to
use long-term or short-term loudness. Finally, the models
differ in the exact numerical values of the internal parame-
ters, in particular in the compressive exponent and the time
constants used to describe temporal integration.

3. Predictions

3.1. Temporal integration of loudness for single tone
bursts

Figure 2 illustrates how loudness integrates over time by
showing the response of the loudness models to a tone
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Figure 2. Predicted loudness in response to a 1-kHz tone burst
with a level 40 dB SPL and a duration of 200 ms obtained with
the DLM (top) and the TVL (bottom). Both panels show the
instantaneous loudness (dashed line) and short-term loudness
(solid line). For the TVL, the dotted line additionally indicates
the predicted long-term loudness.

pulse. The figure shows the instantaneous (dashed line)
and short-term loudness (solid line) calculated by both
models in response to a 1-kHz tone burst at 40 dB SPL and
a duration of 200 ms including 10-ms raised-cosine ramps
at on- and offset. Additionally, for the TVL, the long-term
loudness is shown (dotted line, right panel). The instanta-
neous loudness closely follows the excitation in the TVL,
while a slower decay is calculated by the DLM. This is
due to the post-masking included before the final temporal
integration. The short-term loudness shows a very simi-
lar built-up in both models, while the decay is faster in
the DLM. The short-term loudness reaches a value of 1
sone in both models, i.e. the loudness reaches the value of
a continuous 1-kHz tone. This is expected, since a dura-
tion of 200 ms is in the range of time constants typically
used to describe temporal integration of loudness (see e.g.
[60]). Thus, for this type of stimuli, the maximum of the
short-term loudness is a good estimate of the overall loud-
ness. The long-term loudness does not reach a stationary
value of 1 sone within 200 ms. It should be noted that the
long-term loudness was not meant to describe stimuli like
short tone burst, but rather to assess the loudness of longer
stimuli (see below).
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Figure 3. Sound pressure level at equal loudness of 1-kHz tone
bursts as a function of burst duration measured by Poulsen [26,
filled circles] and in an international round Robin test [39, filled
squares]. Error bars represent 95%-confidence intervals of the
data of Poulsen [26]. Predictions by the DLM (squares) and the
TVL (triangles) are shown with open symbols. The dashed line
indicates −3 dB per doubling of duration.

A subset of the data of Poulsen [26] on temporal integra-
tion of loudness is represented by filled circles in Figure 3.
The sound pressure level at equal loudness is shown as a
function of duration for 1-kHz tone bursts. Error bars indi-
cate 95% confidence limits. The level of the longest dura-
tion (640 ms) was 55 dB SPL and all stimuli were filtered
using a third-octave filter to avoid clicks. After filtering,
the levels were corrected such that filtered and unfiltered
signals had the same level. For comparison, data of Ped-
ersen et al. [39] collected in an international Round Robin
Test are shown. This set of data represents results of ap-
proximately 300 subjects measured in 21 laboratories. The
two studies measured a comparable dependence of loud-
ness on duration, although the effect was slightly smaller
in the Round Robin Test. The data suggest a monotonic
decrease of sound pressure level with increasing duration
for durations smaller than 320 ms (i.e., 640 ms for the data
of Poulsen [26]). The slope is slightly less than −3 dB per
doubling for durations larger than 40 ms (see dashed line
in Figure 3). It is slightly steeper than −3 dB per doubling
of duration for short durations smaller than 20 ms. The cor-
responding predictions of the DLM and the TVL are very
similar as indicated by open symbols. For durations below
about 40 ms, the predicted level differences are in good
agreement with the data of Pedersen et al. [39]. The pre-
dicted slopes are slightly steeper than −3 dB per doubling.
When the duration increases beyond 80 ms, no increase in
loudness is predicted by the models.

3.2. Temporal integration of loudness for repeated
noise bursts

The loudness of tone pulses was also investigated for re-
peated pulses as a function of repetition rate. Figure 4
shows the data of Port [23, filled circles], which were mea-

sured in a matching experiment determining the level at
equal loudness of a sequence of 2-ms noise bursts and a
continuous reference noise for repetition rates between 2
and 500 Hz. The overall duration of sequence and refer-
ence was 1.2 s. The noise was 550 Hz wide and centered at
2.5 kHz. Prior to presentation to the subjects, signals were
filtered using an one-third octave filter to avoid clicks.
The data show a monotonic decrease of the level differ-
ence with increasing repetition rate. For the shortest rep-
etition rate of 2 Hz, the sequence needed an about 19-dB
greater level to be perceived as equally loud as the con-
tinuous noise. At the largest repetition rate of 500 Hz, i.e.
when the single bursts were directly concatenated, the lev-
els of sequence and equally loud reference noise were the
same. The interquartile ranges in Port’s study varied be-
tween about 3 and 10 dB for the individual data points.
Open symbols in Figure 4 represent the predicted level
differences of the DLM (squares) and the TVL (trian-
gles), which were obtained as the mean of ten simulation
runs. Lines indicate standard deviations. Additionally, the
dashed line shows predictions obtained using the average
of the long-term loudness. In agreement with the data, the
simulated level difference decreases with increasing rep-
etition rate, i.e. both models correctly predict an increas-
ing loudness of a sequence of short bursts as the repeti-
tion rate is increased. At the largest rate of 500 Hz, the
level difference is 0 dB. At lower repetition rates, the pre-
dicted level differences based on the short-term loudness
are slightly larger than measured by Port [23]. On average,
the overestimation amounts to about 3 dB for the DLM and
about 6 dB for the TVL. Thus, especially at low repetition
rates, the TVL underestimates the loudness of sequence
and predicts a greater level difference at equal loudness.
The predicted decrease of the level difference with increas-
ing repetition rate is steeper in the TVL than in the DLM.
Predictions based on the long-term loudness differ consid-
erably from the data. For the slowest repetition rates, the
predicted level difference is more than 20 dB greater than
observed by Port [23].

3.3. Loudness of temporally asymmetric signals

Stecker and Hafter [44] measured the loudness of bursts of
tones with the same duration, but with either quickly ris-
ing and slowly falling level (damped stimuli) or vice versa
(ramped stimuli). For tone frequencies between 330 and
6000 Hz, they found that loudness was larger for ramped
than for damped stimuli, although spectrum, duration and
intensity were the same. This recency effect could only
be partly modeled with the auditory image model (AIM,
[45]). Since AIM was not explicitly designed as a loudness
model, loudness of the same stimuli as used by Stecker
and Hafter [44] was predicted with the two loudness mod-
els under consideration in the present study to investigate
if the models can account for such a temporal asymme-
try in loudness perception. The lower panels of Figure 5
show the predicted instantaneous (gray lines) and short-
term loudness (black lines) for both models for a carrier
frequency of 1.5 kHz and a peak level of 80 dB SPL for
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Table I. Loudness in sones as predicted by the models for ramped
and damped envelopes for different carrier frequencies as used by
Stecker and Hafter [44]. Additionally, level differences between
ramped and damped signals at equal loudness as derived from
the loudness ratios are indicated in italics.

330 Hz 700 Hz 1500 Hz 3000 Hz 6000 Hz

DLM
ramped 11.93 12.29 12.38 14.04 11.39
damped 11.02 11.33 11.38 12.89 10.47
ΔL / dB 1.14 1.17 1.22 1.23 1.22

TVL
ramped 9.40 12.11 15.79 20.82 6.39
damped 8.76 11.07 14.32 18.83 5.78
ΔL / dB 1.02 1.30 1.41 1.45 1.45

both damped (left) and ramped envelopes (right). The pa-
rameter describing the widths of the envelopes was pt=-3
for the damped stimulus and pt=+3 for the ramped stimu-
lus (see Figure 1 in [44]). Dashed lines indicate the max-
imum of the short-term loudness. Both models predict a
greater loudness for the ramped stimulus, when this max-
imum is taken as a measure of overall loudness as pro-
posed in the two loudness models for this type of stimuli.
Table I summarizes the predicted loudnesses for different
carrier frequencies modulated by ramped or damped en-
velopes. The predictions show that loudness is larger for
the ramped than for the damped envelope for all carrier
frequencies, which agrees with the results of Stecker and
Hafter [44]. The level differences needed to predict equal
loudness for both envelopes were calculated from the sone
ratio and are indicated in italics in Table I. Although the
absolute predicted sone values differ between the models,
the level differences are similar and lie between 1 dB and
1.5 dB. This quantitatively agrees with the experimental
data shown in Figure 2 of [44].
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Figure 5. Top panels: envelopes as used by Stecker and Hafter
[44, gray] and the corresponding envelopes after low-pass filter-
ing with τ=100 ms (black) for damped (left) and ramped (right)
envelopes. Dotted lines indicate the maxima of the low-pass
filtered envelopes. Lower panels: Corresponding instantaneous
(gray) and short-term loudness (black) as predicted by the DLM
(mid panels) and the TVL (bottom panels) for a carrier frequency
of 1.5 kHz and a peak level of 80 dB SPL. Dotted lines represent
maxima of the short-term loudness of damped and ramped sig-
nals.

3.4. Loudness of amplitude-modulated sinusoids

A further example of time-varying sounds is an ampli-
tude modulated tone. Bauch [40] measured the level dif-
ference between an unmodulated and a sinusoidally mod-
ulated carrier tone as a function of modulation frequency.
His data for a carrier frequency of 1 kHz, a modulation
depth of m = 0.5 and a reference level of 45 dB SPL are
indicated by filled diamonds in the top panel of Figure 6.
He found a negative level difference for modulation rates
below about 10 Hz and for high modulation rates above
200 Hz. For intermediate modulation rates, the level dif-
ference was close to zero. Results were similar for a car-
rier frequency of 4 kHz, but the decrease in level differ-
ence occurred at higher modulation frequencies (bottom
panel of Figure 6). Bauch [40] found no significant differ-
ence between the results of two subjects. Zhang and Zeng
[41] measured similar results (filled circles) as observed
by Bauch [40] for the 1-kHz carrier at the same level and
modulation depth for six listeners. Zhang and Zeng [41]
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reported a range of two standard deviations of about 3 dB
(not shown). Moore et al. [42, 43] measured the level dif-
ference between equally loud unmodulated and modulated
4-kHz carriers at a modulation depth of m = 0.5. Their
data for a comparable level (40 dB SL) are indicated by
filled triangles in the bottom panel of Figure 6. In con-
trast to previous studies, they found a slightly positive level
difference for intermediate modulation rates and, for very
low modulation rates, that the perceived loudness corre-
sponded to a level between the rms level and the peak
level. As a measure of the inter-subject variability, the
studies report standard errors between about 1 and 5 dB
(not shown).

In general, the two loudness models (open symbols)
predict similar level differences when unmodulated and si-
nusoidally modulated tones are matched in loudness. In
particular, a negative level difference is only predicted for
low and high modulation rates. For modulation rates be-
low about 200 Hz, the difference between the predictions
is less than one dB. For modulation rates above 200 Hz, the
DLM predicts slightly smaller level differences than the
TVL. For this range of modulation frequencies, the TVL
provides a better fit to the data of [40] and [41].

3.5. Loudness of frequency-modulated sinusoids

Zwicker [47] measured the loudness of strongly frequen-
cy-modulated (FM) sounds using a carrier frequency of
1.5 kHz and a frequency deviation of 700 Hz, i.e. the in-
stantaneous frequency varied between 800 and 2200 Hz.
Figure 7 shows the level difference between a frequency-
modulated tone of 50 dB SPL and an equally loud unmod-
ulated tone at the carrier frequency as a function of modu-
lation rate (filled circles)1. Triangles and squares indicate
the corresponding predictions of the two loudness models.

The data of Zwicker [47] are characterized by two
quasi-steady-state conditions and a transition region. An
almost constant level difference was found for modulation
frequencies up to about 16 Hz. For intermediate modula-
tion frequencies, the level differences increased with mod-
ulation frequency up to a maximum level difference, which
was reached at about 64 Hz. For modulation frequencies
larger than 64 Hz, the level difference was independent of
modulation frequency. The interquartile ranges at medium
levels varied between 4 and 12 dB. The simulations show
that both models in principle reproduce the results, i.e.
both predict a constant level difference for low modulation
frequencies and another, higher steady state for large mod-
ulation frequencies. In general, predicted level differences
are larger than in the experimental data. At low modulation
frequencies between 1 and 16 Hz, the average level differ-
ence is 0 dB in the data, 2 dB predicted by the DLM and
almost 3 dB predicted by the TVL. For large modulation

1 Zwicker did not adjust the level of an unmodulated tone to match the
loudness of the modulated tones, but used a critical-band wide noise as
comparison signal [47]. In the present study, results are presented as level
difference between unmodulated and modulated tone as derived from
Zwicker’s data.
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ness (filled symbols) and the corresponding predictions of the
DLM (open squares) and the TVL (open triangles). The level
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Figure 7. Data on the influence of frequency modulation on loud-
ness (filled circles) taken from [47] and corresponding predic-
tions of the DLM (squares) and the TVL (triangles). The level
difference between unmodulated and equally loud modulated
carrier at 1.5 kHz is shown as a function of the modulation fre-
quency. The frequency deviation was 700 Hz.

frequencies, the deviations between data and predictions
amount to about 4 dB for the DLM and 7 dB for the TVL.

3.6. Loudness of pulses forming different spectro-
temporal patterns

Zwicker [46] used trains of tone pulses whose temporal
and spectral structures were varied systematically in or-
der to investigate the interaction of loudness integration
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Figure 8. Level differences between test and reference signals at
equal loudness for four experimental conditions. Filled circles
indicate data of Zwicker [46], open squares and triangles rep-
resent predictions of the DLM and the TVL, respectively. The
pictograms below show the spectro-temporal pattern of the test
(lower row) and reference (upper row) stimuli for each condi-
tion.

over time and frequency. Figure 8 shows a subset of his
data (filled circles) and predictions of the DLM and the
TVL for four different test and reference signals. For each
condition, the level difference between test and reference
stimulus is given. The pictograms in the lower part of Fig-
ure 8 indicate the spectro-temporal structure of reference
and test signal (upper and lower row, respectively). In gen-
eral, all level differences measured by Zwicker [46] were
negative indicating that the level of the test stimulus was
always lower than that of the reference in order to ob-
tain equal loudness. The interquartile ranges reported by
Zwicker [46] varied between the different conditions and
ranged from about 3 to 11 dB.

In the first condition, a reference tone pulse of 100 ms
duration, a level of 70 dB SPL and a frequency of 1.85 kHz
was matched in loudness to a stimulus, which consisted of
the sum of five 100-ms tone pulses of frequencies 1000,
1370, 1850, 2500, and 3400 Hz2. Each pulse of the latter
had a level of 70 dB SPL. The given level difference indi-
cated in Figure 8 is calculated as the difference between
the reference level and the level of each of the five pulses.
The results indicate that the reference tone had to be about
23 dB higher in level to be perceived as equally loud as the
test stimulus. Both models slightly underestimate the level
difference in this condition and predict only about 18 dB.

2 Zwicker did not discuss how he avoided clicks at stimulus on- and off-
sets [46]. In the simulations of the present study, cos2-ramps of 2.5 ms
were used to reduce the influence of spectral broadening.

In the second condition, the reference stimulus was a
pulse train of five 20-ms pulses without pauses between
the pulses. Each pulse had a level of 70 dB SPL. The fre-
quencies of the pulses had the fixed temporal order 1370,
2500, 1000, 3400 and 1850 Hz. The test signal was a 20-
ms burst, which consisted of the sum of five pulses with
the same frequencies. The experimental data indicate only
a small difference of about 3 dB between the equally loud
reference and test stimulus. Both models predict larger dif-
ferences of 6.5 dB (DLM) and 9 dB (TVL).

In the third condition, the same train of 20-ms tone
pulses as above was matched in loudness to a 100-ms test
tone of 1.85 kHz at 70 dB SPL. As in the first condition, the
level difference was based on the reference level and the
level of each pulse of the test stimulus at equal loudness.
While the measured data show a level difference of about
11 dB, the TVL predicts the same level at equal loudness
for these two stimuli; an effect of about 4 dB is indicated
by the DLM.

In the fourth condition, the loudness of the pulse
train was compared to that of the sum of five 100-ms
tone bursts. Both models overestimate the experimentally
found level difference of 11 dB by 3 dB (DLM) and 7 dB
(TVL).

In summary, for the given stimuli both models predict
the same level difference in a classical paradigm where
the loudness of a narrowband stimulus is compared to that
of a broadband stimulus (condition 1) and slightly under-
estimate the measured effect. In the remaining conditions,
the predictions of the DLM are always closer to the exper-
imental data than those of the TVL. The experimental data
as well as the model predictions are self-consistent. Com-
paring a tone to a sum of five tones (condition 1) yields the
same level difference as the combined effect found in con-
ditions 3 and 4, where the same tone is matched in loud-
ness to the pulse train (condition 3) and the pulse train is
matched to the sum of five tones (condition 4).

4. Discussion

4.1. Temporal integration of loudness

For short sound bursts as considered the present study, the
peak of the short-term loudness is a reasonable measure
for the overall loudness (see e.g. [48, 38]). Thus, the at-
tack time constant of the temporal integration stage deter-
mines overall loudness, since the peak value is not affected
by the shape of the loudness decay. The simulations of the
present study showed that both loudness models could ac-
curately predict loudness of short tone bursts up to about
40 ms. However, when the duration was increased beyond
about 80 ms, no increase of loudness was predicted by ei-
ther model. In contrast, the data of Poulsen [26] suggest
that temporal integration continuous at least up to dura-
tions of 320 ms, i.e. the implemented integration stages
saturate earlier than suggested by the data. Poulsen [26]
also found this result for different levels and frequencies
(not shown here), which was in close agreement with re-
sults of the international Round Robin Test on impulsive
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noise [39] involving a large number of subjects in differ-
ent laboratories. Poulsen [26] argued that, if a model with
only a single time constant was used, best agreement be-
tween data and predictions for intermediate levels was ob-
tained with a time constant of about 100 ms, which was
in line with data of Zwislocki [35]. Additionally, Poulsen
[26] proposed a model with a longer (τ ≈ 100 ms) and a
shorter time constant (τ ≈ 5 ms) to account for the steeper
increase of loudness for very short durations at interme-
diate and high levels. Other studies varied in their results
on the time constants underlying temporal integration of
loudness. Takeshima et al. [27] found that the loudness
of 1-kHz tone bursts increased even for durations up to
10 s, which would require a time constant much longer
than 100 ms (such as used e.g. in the TVL). The predicted
saturation of temporal integration at about 80 ms indicates
that the effective attack time constants used to compute the
short-term loudness in both models are slightly too short
to account for the data of Poulsen [26] and Pedersen et al.
[39].

While attack time constants can be estimated with sin-
gle bursts, the investigation of repeated noise bursts can
give an insight into the release time constants underlying
the perception of loudness. When, effectively, a fast decay
time constant determines loudness perception, slowly re-
peated bursts are processed quasi-independently, while a
slow decay time constant results in a combined processing
of repeated bursts already at relatively low repetition rates.

A comparison of data and predictions in the paradigm
of Port [23] shows that both models predict a larger level
difference for slowly repeated 2-ms bursts. Since the pre-
dicted and measured level differences decay to 0 dB at the
largest repetition rate, the predicted decay of the level dif-
ference is slightly steeper than observed by Port [23], es-
pecially in the TVL. Part of this effect may be due to differ-
ences in the calibration of the signals. Unlike Poulsen [26],
Port [23] did not mention an adjustment of the levels af-
ter band-pass filtering the signals to ensure the same level
before and after the filtering. Accordingly, no such level
adjustment was made in the simulations. Especially for
short bursts, band-pass filtering reduces the overall level.
To obtain equal loudness, this results in a corresponding
larger level difference for sequences of slowly repeated
noise bursts.

Another possible reason for the differences between
model predictions and experimental data is the value of the
release time constants. For example, the measured level
difference decays by about 9 dB between repetition rates
of 2 to 20 Hz, whereas the models predict a decay of 5.5
to 6 dB. This indicates that the release time constant in the
models may be too fast.

One may argue that the auditory processing of a se-
quence of short bursts is similar to that of amplitude-
modulated sounds (e.g. [61, 62]). For such sounds, Glas-
berg and Moore [38] suggested to use a mean value of
the long-term loudness as a measure of the overall loud-
ness. However, the predictions in Figure 4 show that the
loudness of repeated 2-ms bursts cannot be accurately de-

scribed using this measure. In particular for slow repeti-
tion rates, the predicted level difference is too large. This
results from the slow built-up time constant used to de-
rive the long-term loudness from the short-term loudness.
Thus, a very long decay time constant is not sufficient
to describe the dependence of loudness of repeated noise
bursts on repetition rate. In summary, the paradigm of Port
[23] could be well described using an attack time constant
similar to those used in the TVL and the DLM for the
short-term loudness in combination with a slightly longer
release time constant.

4.2. Temporal asymmetries in loudness perception

Measuring the loudness of ramped and damped envelopes,
Stecker and Hafter [44] found a recency effect, i.e. they
found that the stimulus whose peak energy was closer to
the end was perceived louder than if the peak was close
to stimulus onset. They argued that the effect results from
“decay suppression”, a mechanism that may reduce the ef-
fect of reverberation on perception of sound in reverber-
ant rooms. Predictions of the present study showed that
both loudness models can quantitatively account for this
effect. Thus, “decay suppression” seems to be unnecessary
to account for the difference in loudness between ramped
and damped sounds. The current predictions seem to be at
odds with Stecker and Hafter [44], who concluded that the
auditory-image model (AIM, [45]) was unable to account
for the effect, since AIM predicted a strong dependence
of the effect on the signal frequency which was not found
in the data. The present study showed that the two loud-
ness models show a similar loudness difference between
ramped and damped sounds for low and high-frequency
tones. This discrepancy between the model predictions in
[44] and the present study is presumably due to the fact
that Stecker and Hafter [44] used a different method to de-
rive overall loudness from the excitation. They [44] used
the temporal average of the excitation calculated across the
whole stimulus duration as a measure of overall loudness,
whereas in the present study, the peak value of the short-
term loudness determined loudness which is the common
way to determine loudness within the two loudness models
for short signals. The top panels of Figure 5 illustrate the
influence of using the peak or mean value to derive global
judgments. The gray lines represent the normalized tempo-
ral envelopes used by Stecker and Hafter [44] for damped
(left) and ramped (right) stimuli. The black lines indicate
filtered envelopes using a first-order low-pass filter with a
time constant of 100 ms, i.e. the simplest approximation of
a temporal integration stage. While the mean energy of the
low-pass filtered envelopes is the same, the dashed lines
show that a larger peak value is reached for the ramped
envelope. Thus, already a very simple model of tempo-
ral integration can account for this temporal asymmetry in
loudness perception, provided the maximum is used to as-
sess overall loudness. A similar asymmetry in the height
of the maximum excitation can also be observed for all
frequencies in Figure 6 of [44].
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4.3. Dynamic processes for loudness of amplitude-
modulated sounds

The loudness of a sinusoidally amplitude-modulated car-
rier tone depends on modulation frequency. The data of
different studies suggest that, in principle, three regions
can be distinguished: For very low modulation frequen-
cies, the modulated signal is louder than the unmodulated
signal at the same level. Bauch [40] argued that the ear
was able to follow the slow envelope modulations and
the peak amplitudes determined loudness perception. In-
creasing the modulation frequency impedes the hearing
system’s ability to closely follow the envelope fluctua-
tions. Accordingly, the magnitude of the level difference
between modulated and unmodulated signal at equal loud-
ness decreases. This is true as long as the two side compo-
nents in the spectrum of the modulated signal are within
the critical band of the carrier frequency. For large mod-
ulation frequencies, the side components can be resolved
by different auditory filters. Loudness is then dominated
by spectral loudness summation, which increases the loud-
ness of the modulated signal. Accordingly, the level differ-
ence increases. The comparison between simulations and
data shown in Figure 6 suggests that the models can pre-
dict these main experimental results. For low and inter-
mediate modulation frequencies, the predictions of both
models are similar. This is in agreement with the finidngs
in [61]. They showed for their data similar predictions of
the previous versions of these two models.

For higher modulation rates, the DLM predicts smaller
absolute level differences than the TVL and slightly under-
estimates the level differences measured by Bauch [40]. At
least part of this difference can be understood by the differ-
ent auditory filters used in the models. The critical band-
width (CB) used in the DLM is larger than the equivalent
rectangular bandwidth (ERB), which determines the fre-
quency resolution in the TVL. In Figure 6, CB and ERB
are indicated by dotted and dash-dotted vertical lines, re-
spectively, for both carrier frequencies. Thus, the TVL can
resolve spectral components at a lower modulation rate
and the increase of the level difference between modu-
lated and unmodulated signal occurs at a lower modula-
tion rate. The difference between CB and ERB is larger
at a center frequency of 4 kHz than at 1 kHz. Accordingly,
the difference between the model predictions is larger at
the higher carrier frequency as shown in Figure 6. Another
factor, which might add to the different model predictions
at large modulation frequencies is the amount of spec-
tral loudness summation. As described in the introduction,
the amount of spectral loudness summation depends on
the auditory filtering and the compression in each filter.
As mentioned above, the TVL uses the slightly narrower
ERB instead of the CB. Additionally, the compression is
slightly larger than in the DLM (see Sections 2 2.1 and
2.2). Thus, a slightly larger spectral loudness summation
is expected in the TVL compared to the DLM. Since the
increased loudness of modulated signals at large modula-
tion frequencies is due to spectral loudness summation, the
larger level difference predicted by the TVL is expected.

Figure 6 shows that the predictions of both models agree
with the experimental data at low and medium modulation
frequencies. The TVL gives a better fit at large modula-
tion rates and also predicts that, at very low modulation
rates, a level between peak level (corresponds to −3 dB)
and rms level (corresponds to 0 dB) determines the loud-
ness of modulated tones. This was not measured by Bauch
[40], but agrees with more recent studies (see Figure 6,
[42, 43]). These predictions of the TVL result from the
more sophisticated temporal-integration stage, which of-
fers several options for a measure of overall loudness. In
the present study, the mean of the long-term loudness was
taken to assess loudness of amplitude-modulated sounds,
as suggested by Glasberg and Moore [38]. However, the
predictions of the DLM are generally comparable using a
simple low-pass filter to describe temporal integration and
the maximum of the short-term loudness as a measure of
overall loudness. This indicates that other parameters such
as spectral resolution and compression are more important
than the choice of time constants for this kind of loudness
comparison.

4.4. Dynamic processes for loudness of frequency-
modulated sounds

The predictions of the two loudness models for frequency-
modulated tones are similar. In agreement with data of
Zwicker [47], both models predict a constant level differ-
ence for the low modulation rates and no variation of the
level difference for high modulation rates. In analogy to
the amplitude-modulation paradigm, the ear is able to fol-
low the modulation at low modulation frequencies. In this
case, the instantaneously perceived frequency eliciting the
largest loudness determines overall loudness. It is likely
that the 1-dB larger level difference for the TVL at low
modulation rates is due to different frequency-dependent
attenuations applied in the models (e.g. middle-ear correc-
tion). In the region from 800 to 2200 Hz, i.e. the frequency
range covered during one period of the frequency modula-
tion, a slightly different attenuation of the frequency com-
ponents in the two models may lead to different loudnesses
of tones at these frequencies. These different loudnesses
then determine the loudness of the frequency-modulated
tone for low modulation frequencies.

At large modulation rates, the ear no longer follows the
modulation, but integrates over several periods such that,
effectively, a broadband signal is perceived. The predicted
level difference is about 2 dB larger for the TVL than for
the DLM, which is in line with the assumption of an in-
creased spectral loudness summation as discussed above.
For intermediate modulation frequencies, the predictions
of the models differ slightly. A shallower increase of the
level difference with modulation frequency is predicted
by the DLM, while the TVL predicts a rather steep tran-
sition between the two steady states. The DLM predicts
a larger level difference for modulation rates between 8
and 32 Hz, while it is smaller for low and high modula-
tion frequencies. One possible reason for this is that these
modulations are too fast for the ear to follow closely, but
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that a specific loudness decaying slowly in each channel
allows a spectral loudness summation of successive fre-
quencies such that the overall loudness is increased. Since
this mechanism is not implemented in the TVL, spectral
summation can only take place for components falling into
the same temporal analysis window. At large modulation
frequencies, this increased loudness in the DLM relative
to the TVL is disrupted, since all frequencies are pro-
cessed quasi-simultaneously. Accordingly, the larger spec-
tral loudness summation of the TVL causes a larger level
difference. The measured overall change in level differ-
ence from low to high modulation rates is about 7 dB. The
DLM predicts about the same dynamic range (difference
less than 1 dB), whereas the TVL overestimates this effect
by about 3 dB. Thus, the DLM predicts both a slope of
the transition and an overall dynamic range, which agree
slightly better with Zwicker’s data than the TVL. As dis-
cussed above, the slope of the transition may be the result
of the forward-masking stage, which is not included in the
TVL.

4.5. Dynamic processes for loudness of sounds with
systematic spectro-temporal patterns

The four conditions taken from Zwicker [46] shed some
light on the combinations of spectral and temporal ef-
fects in loudness perception. The first condition deter-
mines spectral loudness summation for the complex tone.
The data indicate that the single tone had a level about
23 dB larger than each tone in the equally loud five-tone
complex. About 7 dB (= 10 log10(5)) of the observed ef-
fect result from the fact that the given level difference is
based on the level of each pulse rather than on the over-
all level of the test stimulus, as chosen by Zwicker [46].
The remaining 16 dB can be attributed to spectral loud-
ness summation. Both models predict the same level dif-
ference between test and reference signal (see Figure 8).
This seems to contradict the conclusion of the previous
sections that a larger spectral loudness summation is ex-
pected in the TVL. However, spectral loudness summation
depends on spectral content, center frequency, and level,
which were different in the paradigm of Zwicker [46] and
the studies discussed above. The different parameters are
likely to affect the predicted amount of spectral loudness
summation in the two models.

The third condition addresses the question if spectral
loudness summation also takes place for non-synchronous
frequencies. The TVL does not predict such an effect: it
predicts about the same loudness at the same level for the
sequence of tones and a tone with the same total duration.
Provided that the loudness of the different frequency com-
ponents of the sequence is similar, this can be expected
since the TVL nearly instantaneously integrates across-
frequency prior to temporal integration.

In contrast, the data indicate that the sequence required
an about 11 dB lower level to be as loud as the tone.
Zwicker [46] argued qualitatively that specific loudness
should increase rapidly in an excited critical band, but

should decay only slowly such that spectral loudness sum-
mation could take place even for non-synchronous tone
pulses (see his Figure 8). The DLM includes such a stage:
depending on level and duration, this stage appends loud-
ness tails to peaks of the specific loudness. Effectively, this
increases the temporal overlap of energy from different
auditory filters and allows the effect of spectral loudness
summation. As a consequence, the DLM predicts spectral
loudness summation for the tone-pulse sequence. This re-
sults in smaller differences between predictions and data
for the DLM than for the TVL.

The same is true in the fourth condition. The TVL pre-
dicts the same level difference for the last and the first
condition. This is expected from the predicted level dif-
ference (0 dB) for the third condition. The experimental
data show a smaller difference which supports the hypoth-
esis that spectral loudness summation still contributes to
the loudness of the sequence of tones reducing the differ-
ence between the two equally-loud stimuli of condition 4.
Since the DLM predicts a residual spectral loudness sum-
mation for sequences of different frequencies in the third
condition, it also agrees better with Zwicker’s data in the
fourth condition.

The second condition investigates a trade-off of two ef-
fects. On the one hand, only a residual effect of spectral
loudness summation is expected for the 100-ms long se-
quence of tone pulses compared to the 20-ms tone com-
plex. On the other hand, the sequence is five times as long
as the tone complex which increases the loudness due to
temporal integration. In this condition, Zwicker [46] found
only a small level difference of about 3 dB indicating that
the effects nearly cancel out one another. In contrast, the
TVL underestimates the loudness of the pulse sequence
and predicts a level difference of 9 dB. The DLM predicts
about 7 dB.

In conclusion, the data indicate that spectral loud-
ness summation also takes place for non-synchronous
frequency components. This hypothesis is supported by
the predictions of the models. In conditions where the
spectral content varies over time, the predictions of the
DLM agree better with the data than those of the TVL.
However, there are still quantitative differences between
3 dB (condition 4) and 7 dB (condition 3). This means that
the influence of slowly decaying specific loudness might
not be sufficiently accounted for. If the general amount
of predicted spectral loudness summation was matched
to the data of the classical spectral-loudness-summation
paradigm in condition 1 (e.g. by slightly increasing the
compression), the prediction of the TVL would still be
0 dB for condition 3, but that of the DLM would fit better,
resulting in an even larger discrepancy between the model
predictions.

4.6. Limitations of the models

Although a number of temporal effects in loudness per-
ception can be accounted for by the DLM and the TVL,
there remain several limitations of the models. Tempo-
ral asymmetries such as found by Stecker and Hafter
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[44] were also observed for markedly longer stimuli (e.g.
[63, 64, 65, 66, 67, 68]). For example, Susini et al. [68]
found that sounds with increasing level lead to greater
global loudness judgments than sounds with decreasing
level for durations between 2 and 20 s. They proposed
“that global impressions resulted from a memory process
dominated by the last parts of the sound sequence” [68].
All of these studies used stimuli with durations of several
seconds or even minutes. It is unlikely that the maximum
of the short-term loudness (as used in most of the present
study) is an adequate measure of overall loudness for this
type of stimuli. The predicted difference between ramped
and damped envelopes of the study of Stecker and Hafter
[44] was due to the fact that the temporal integration stages
of the models did not reach a stationary state in the short
overall duration of the stimuli. For slowly varying sounds
with durations of several seconds or minutes, the maxi-
mum of the short-term loudness would be the same irre-
spective of the temporal position of the loud parts of the
stimulus. It is possible, however, that e.g. the maximum of
the long-term loudness as computed in the TVL could pre-
dict part of these recency effects, which would constitute
an advantage of the TVL over the DLM. In a similar way,
longer time constants than used in the DLM are neces-
sary to account for temporal integration data for signals of
several seconds [27]. The long-term loudness of the TVL
might be a first approximation, while the DLM is not able
to explain this effect.

More recent studies have also found primacy effects
in loudness perception. Pedersen and Ellermeier [69] and
Oberfeld [70] have shown that the beginning of broadband
noise contributed significantly more to the overall loud-
ness perception than portions in the temporal center or end.
So far, the underlying mechanisms are not completely un-
derstood. Given the uncertainty concerning the reason for
this effect, neither of the two loudness models contains a
mechanism giving special weight to stimulus onsets and,
thus, the models cannot predict such a primacy effect.

A temporal effect in loudness perception, which may be
related to the above-mentioned primacy effect, is the du-
ration dependence of spectral loudness summation. Sev-
eral studies have shown that the level difference between
broadband and equally loud narrowband noise bursts is
considerably larger for short bursts (typically 10 ms) than
for long bursts of typically 1000 ms [71, 21, 72, 73]. Ren-
nies et al. [74] have shown that both the DLM and the TVL
predict the same level difference for short and long signals
and fail to predict this effect3.

Glasberg and Moore [38] argued that their model could
not predict the influence of the relative phase of com-
ponents in a tone complex, since the model is based on
the short-term power spectrum. Depending on the relative
phases, stimuli with the same power spectrum can evoke

3 Rennies et al. [74] have presented an extension of the DLM that ac-
counts for duration effect in spectral loudness summation. Since the goal
of the present study was to compare only well-established models it was
decided to use the original version of the DLM rather than the extended
version.

different loudness perceptions (e.g. [75]). An auditory fil-
ter bank with realistic phase responses would be needed
to account for this effect. Neither TVL nor DLM contain
such a stage and, thus, cannot predict the effect.

5. Summary and conclusions

The dynamic properties of the dynamic loudness model
(DLM, [20]) and the model for time-varying loudness
(TVL, [38]) were tested by comparing their predictions
with data from the literature on the loudness of time-
varying sounds.

In general, the models predict the main trends observed
in the data. Both models predict an effect of duration on
loudness similar to the data. However, the time constant
for temporal integration seems to be slightly too small.
The comparison with data on the loudness of amplitude-
modulated sounds indicates that, for low to moderate mod-
ulation rates, both models predict almost the same effects
(difference smaller than 1 dB) of modulation rate on the
level difference at equal loudness. This suggests that, at
least for amplitude-modulated sounds, it may not be nec-
essary to introduce a second loudness (long-term loud-
ness) as done in the TVL to describe loudness of these
sounds. Long-term loudness was also unable to account
for the effect of repetition rate on loudness of sequences of
noise bursts. One major difference between the TVL and
the DLM is that only the latter includes a dynamic stage
simulating a slow decay of specific loudness in each audi-
tory channel. This was especially relevant for the paradigm
of a study of Zwicker [46]. Using stimuli with a system-
atically varied spectro-temporal structure, Zwicker [46]
found that spectral loudness summation took place even
when tone pulses at different frequencies were presented
non-synchronously. Predictions of the DLM agreed bet-
ter with Zwicker’s data, although quantitative differences
still existed. A slightly better match between the data and
predictions of the DLM than those of the TVL was also
found for the loudness of frequency-modulated sounds.
Thus, the DLM may provide a better prediction for loud-
ness of signals with strong spectral variations over time
than the TVL.

The TVL may be advantageous when considering bin-
aural effects since it is able to compute binaural loud-
ness, which may be important when the loudness in non-
artificial acoustic situations is investigated. Additionally,
the computation of long-term loudness may be beneficial
when the loudness of very long signals is assessed. In con-
clusion, a combination of the crucial stages of the two
models might lead to a more accurate and generally ap-
plicable loudness model for time-varying sounds.
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