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Summary
There are different loudness calculation procedures, such as the German standard DIN 45631/A1 and the pro-
posed international standard ISO 532-1 (both based on Zwicker’s loudness model) as well as the Dynamic
Loudness Model (DLM) (by Chalupper and Fastl), the Time Varying Loudness (TVL) model (by Glasberg
and Moore), and the loudness calculation algorithm based on a hearing model of Sottek, allowing for the pre-
diction of the perceived loudness of time-varying sounds in many cases. However, recent studies show that the
predictions for some tonal and impulsive sounds do not match the loudness ratings of normal-hearing listeners.
To address this issue, the influence of specific signal properties of the sounds on the assessment of loudness
was examined focusing on impulsive sounds. On the basis of these experiments, it was studied how far an own
improved modeling approach can account for the specific signal properties of these sounds.

PACS no. 43.66.Ba, 43.66.Cb

1. Introduction

Loudness is a very important topic in psychoacoustics
because many other psychoacoustic parameters such as
sharpness, roughness, and tonality are related to loudness
[1]. Research on loudness has been performed for a long
time with respect to experimental studies and modeling.
In general, models of stationary loudness perform well for
stationary sounds, whereas models of time-varying loud-
ness are suitable only to a limited extent. For example,
recent studies of Rennies et al. [2, 3] showed that the pre-
dictions of loudness models for tonal sounds and a range
of impulsive sounds do not match the ratings of normal-
hearing listeners. The challenge of loudness prediction of
tonal sounds has already been discussed by Sottek [4] and
Hots et al. [5, 6].

Figure 1 shows some loudness matching results from
Rennies et al. [2] compared to predictions of various time-
varying loudness models: the Dynamic Loudness Model
(DLM) by Chalupper and Fastl [7], its extension by Ren-
nies et al. (DLM ext.) [8], the Time Varying Loudness
(TVL) model by Glasberg and Moore using different time
constants (short and long, stTVL and ltTVL) [9], and ISO
532-1 [10], replacing ISO 532:1975 section 2 (method
B) [11] based on Zwicker’s loudness model [12]. The re-
sults of the German standard DIN 45631/A1 [13] are not
shown because the proposed standard ISO 532-1 corre-
sponds closely with DIN 45631/A1. Thus the results of
both standards are very similar. However, ISO 532-1 de-
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Figure 1. Results of loudness matching experiments using the in-
dicated time-varying sounds and a stationary noise as reference
(circles and bars, mean and 95% confidence intervals): the level
differences at the point of subjective equality are given. Addi-
tionally, the predictions of various loudness models (based on
N5-values1 except for ltTVL) are depicted. Data are taken from
Rennies et al. [2], except the model results of ISO 532-1 have
been determined using the audio signals provided by Rennies.

fines the loudness calculation procedure precisely, provid-
ing a reference implementation, whereas DIN 45631/A1
is partly imprecise and provides, for the verification of an
implementation, only loudness results for a few synthetic
tone pulses. Consequently, the reference implementation
of ISO 532-1 is preferred over DIN 45631/A1.

1 N5: Loudness equalled or exceeded 5% of the time.
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None of the employed models could predict all level
differences at equal loudness. Especially for the sound
ratchet wheel, large discrepancies with respect to the pre-
dicted level at equal loudness, on the order of 10 dB, apply
for all considered models. Moreover, all models underes-
timate the loudness of the sound planing machine by 3 to
6 dB and the loudness of the low-noise noise by 7 to 11 dB.
They overestimate the loudness of the sound hammer by 3
to 12 dB. All models except ltTVL overestimate the loud-
ness of the sound snare drum by 6 to 11 dB.

Many loudness calculation procedures can be described
with a common scheme (Figure 2). The results vary be-
cause of different implementations of each processing
block such as the filter bank (number of filters, bandwidth
and shape of the filters), the frequency weighting and the
nonlinearity between sound pressure and specific loud-
ness.

Loudness calculation begins with the microphone sig-
nal p(t). In a preprocessing step the type of sound field,
free or diffuse (FF or DF), is considered. This is followed
by filtering with a bank of band-pass filters, which in turn
is followed by rectifying and low-pass filtering (envelope
formation). The next two steps consist of a frequency-
dependent weighting gk and a nonlinear transform from
sound pressure or intensity to specific loudness (block N�

in Figure 2). For time-varying sounds, the nonlinear decay
of the human hearing system must be modeled in detail.
Furthermore, the effects of the temporal summation and
forward-masking must be taken into account (block NL in
Figure 2). Finally, the total loudness N (t) is calculated by
summing the specific loudness values. The low-pass filter
at the end accounts for the fact that sounds with a duration
of 10 ms are perceived as approximately half as loud as
sounds with a duration of about 100 ms. Further details of
each signal processing block for the proposed standard of
time-varying loudness (ISO 532-1) can be found in [14].

The TVL model on the one hand and DLM and ISO
532-1 procedures on the other hand differ mainly in the
implementation of the filter bank and in the frequency-
dependent weighting gk.2 Whereas the DLM and ISO
532-1 algorithms use 24 filters with a constant bandwidth
on the Bark scale (according to Zwicker’s loudness model,
approximated by 28 3rd-octave filters for ISO 532-1), the
TVL algorithm uses approximately 40 filters with a con-
stant bandwidth on the ERB scale. Additionally, the fil-
ter shapes are different. The ISO 532-1 algorithm employs
very steep 3rd-octave filters of 6th-order and considers the
spread of excitation into the neighboring bands by adding
to the specific loudness, in each critical band, a slope to-
wards higher frequencies. The resulting specific loudness
is the maximum of the specific loudness calculated from
the 3rd-octave levels and the value achieved by these slope
functions. The TVL model implements rounded exponen-
tial filters rather than a kind of “rectangular function”.

2 Here the focus lies on the main differences. For implementation details,
please refer to the standards [10, 11, 13] and the journal publications
[7, 8, 9, 12].

Figure 2. General block diagram of loudness calculation proce-
dures. Block NL (nonlinear network for temporal summation and
forward-masking) is used only for the loudness calculation of
time varying sounds as in ISO 532-1.

The study of Rennies et al. [2] was the motivation to
apply an own model to time-varying sounds, especially to
the critical impulsive sounds like the sound ratchet wheel,
and to find an appropriate way to evaluate the performance
of the various models. In the following, first, a review of
the loudness calculation using the hearing model of Sottek
is given, and second, several additional validation exper-
iments are presented. Finally, an advanced approach used
for predicting other psychoacoustic parameters (roughness
[15], and tonality [16, 17]) is discussed to find features
which could be helpful to adjust the hearing model of
Sottek for an improved loudness prediction of impulsive
sounds.

2. The hearing model (Sottek)

A common way to develop a mathematical model of sound
perception is to look at the relations between acoustic
stimuli and sensations. Often the result is an empirical for-
mula which can describe (only) a few aspects of sound
perception. Because there are so many models for single
auditory phenomena, it is very difficult to get an idea of
the complete signal processing in human hearing. Thus,
it would be desirable to have one principle of overriding
importance, which covers many psychoacoustic phenom-
ena. Based on the physiology of the human ear, a theo-
retical system model was developed with the intention of
explaining and describing psychoacoustic effects and ba-
sic auditory sensations [15].

It was shown that the developed model could provide a
good correlation with the results of many psychoacoustic
experiments based on an easy mathematical handling. For
example, just-noticeable amplitude and frequency varia-
tions were predicted [15]. In this case the nonlinear pro-
cessing of human hearing plays a fundamental role. An-
other emphasis of the model lies in the simulation of mask-
ing thresholds and in the calculation of basic auditory sen-
sations such as the psychoacoustic parameters loudness,
tonality, roughness, and fluctuation strength.

The basic structure of the hearing model is illus-
trated in Figure 3. The pre-processing consists of fil-
tering with outer and middle ear transfer functions: the
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input signal p(t) is processed by a filter corresponding
to the ear’s transmission characteristic a0 of Zwicker’s
loudness model [1] in series with a high-pass filter of
1st-order (attenuation of 6.5 dB/decade for frequencies
below 500 Hz).3 An auditory filter bank consisting of
overlapping asymmetric filters4 (section 2.1) models the
frequency-dependent critical bandwidths and the tuning
curves of the frequency-to-place transform of the inner
ear, which mediates the firing of the auditory hair cells
as the traveling wave from an incoming sound event pro-
gresses along the basilar membrane. The inconstant ra-
tio of bandwidth versus frequency of the auditory filter
bank conveys a high frequency resolution at low frequen-
cies and a high time resolution at high frequencies, with a
very small product of time and frequency resolution at all
frequencies, which empowers, for example, human hear-
ing’s recognition of short-duration low-frequency events.
Subsequent rectification (section 2.2) accounts for the fact
that the nerves fire only when the basilar membrane vi-
brates in a specific direction. The firing rates of the nerve
cells are limited to a maximum frequency. This is mod-
eled using 3rd-order low-pass filters (section 2.3). A fea-
ture of the hearing model in its usual psychoacoustic appli-
cation to human perception is a compressive nonlinearity
relating sound pressure to perceived loudness. The hear-
ing model spectrum vs. time is accessible as an interme-
diate result before the implementation of the compressive
nonlinearity, e. g., modeled as a power law with piecewise-
defined exponents as described in section 2.4, making the
algorithm’s time/frequency capabilities available as a tool
comparable to conventional techniques5 regarding level
values.

Based on these fundamental processing steps there are
a few post-processing mechanisms for the calculation of
basic auditory sensations. As one example the loudness
results are obtained by summing all specific loudness sig-
nals as the output of the compressive nonlinearity (section
2.5).

2.1. Design of the auditory filter bank

2.1.1. Frequency scales
The nonlinear frequency-to-place transform f = y(z) can
be deduced directly from the frequency-dependent band-
width of the auditory filters, assuming that the bandwidth
Δf (f ), independently of the actual frequency, always cor-
responds to a section of constant length on the linearly
divided basilar membrane z-scale. The frequency f re-
sults from integration over the bandwidth function Δf (f ),

3 The attenuation factor is changed from 20 dB/octave (as in [15]) to
6.5 dB/octave for frequencies below 500 Hz in order to better predict the
equal loudness contours. Thus, the outer and middle ear filter approxi-
mates the inverted equal loudness contour at 100 phon.
4 The degree of overlapping depends on the application: e. g., for rough-
ness calculation an overlap of half a critical bandwidth was used, for
loudness calculation even no overlap is required, and for a spectral de-
convolution algorithm several hundreds of filters were used [15].
5 In general, conventional techniques like spectrograms have only a fixed
time/frequency resolution.

Figure 3. Basic structure of the hearing model for the determi-
nation of the hearing model spectrum vs. time and for loudness
calculation [15].

which is expressed as a function of the basilar membrane
coordinates z:

y(z) =
z

0
Δf y(z̃) dz̃. (1)

We are looking for f = y(z) or the inverse function
z = y−1(f ). The solution of equation (1) is given with
an arbitrary integration constant C by

z =
1

Δf (f )
df + C. (2)

As an example,

Δf (f ) = Δf (f = 0) + cf (3)

can be used as an approximation to the Bark scale [18] or
to the ERB scale [19] (with different constants Δf (f = 0)
and c) [15]. Using this bandwidth function, equation (2)
can be rewritten as

z =
1
c

ln
c

Δf (f = 0)
f + 1 . (4)

Hereby, the constant c is calculated to achieve y(0) = 0.
The frequency is given by

f =
Δf (f = 0)

c
exp(cz) − 1 . (5)

It should be noted that according to [20] Greenwood
describes the frequency-to-place transform of the basi-
lar membrane based on physiological measurements of
Békésy using the following formula:

z = 18.31 log 6.046
f

kHz
+ 1 . (6)

The comparison of equation (6) and equation (4) yields for
the Greenwood approximation: c ≈ 0.126 and Δf (f = 0)
≈ 20.8 Hz.
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Table I. Parameters of bandwidth functions shown in Figure 4,
optimized in order to minimize the maximum relative error.

Δf (f ) Δf (f = 0) c d/Hz−1

Δf (f = 0) + cf 50.3369 0.1645

Δf (f = 0)
2
+ cf

2
65.1723 0.1826

Δf (f = 0) + cf + df 2 77.1853 0.0824 1.356e−5

Table II. Parameters of bandwidth functions shown in Figure 5,
optimized in order to minimize the mean square of the relative
error.

Δf (f ) Δf (f = 0) c d/Hz−1

Δf (f = 0) + cf 50.4764 0.1428

Δf (f = 0)
2
+ cf

2
81.9289 0.1618

Δf (f = 0) + cf + df 2 72.9568 0.0844 1.368e−5

There are several other analytical bandwidth functions
that can be fitted to measured data for which equation (2)
can be solved in a closed form [15], e. g.,

Δf (f ) = Δf (f = 0)
2
+ cf

2
, (7)

leading to

z =
1
c
arcsinh

c

Δf (f = 0)
f (8)

and

f =
Δf (f = 0)

c
sinh cz . (9)

Another polynomial bandwidth function is

Δf (f ) = Δf (f = 0) + cf + df2, (10)

leading to

z =
1√
Δ

ln
2df + c − √

Δ

2df + c +
√
Δ

c +
√
Δ

c − √
Δ

(11)

with

Δ = c2 − 4dΔf (f = 0) > 0! (12)

and

f = 2Δf (f = 0)
exp

√
Δz − 1

c +
√
Δ − c − √

Δ exp
√
Δz

. (13)

Figure 4 shows different approximations to the orig-
inal measured critical bandwidth values determined by
Zwicker et al. [21]. The optimization was performed in
order to minimize the maximum relative error for the con-
sidered frequency range. The maximum relative error us-
ing equation (10) is about 8%, a small error considering
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Figure 4. Different approximations for the Bark scale using band-
width functions according to equations (3), (7) and (10) to the
original measured values from Zwicker et al. [21], compared to
the simplified standardized table [22]. The optimization was per-
formed in order to minimize the maximum relative error for the
considered frequency range. The parameters of the bandwidth
functions can be found in Table I.
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Figure 5. Different approximations for the Bark scale using band-
width functions according to equations (3), (7) and (10) to the
original measured values from Zwicker et al. [21], compared to
the simplified standardized table [22]. The optimization was per-
formed in order to minimize the mean square of the relative error
for the considered frequency range. The parameters of the band-
width functions can be found in Table II.

that for the tabulated values averaged results from different
measurement methods with larger deviations were taken.

Figure 5 shows optimization results minimizing the
mean square of the relative error. The approximation for
the Bark scale using a bandwidth function according to
equation (10) fits very well in both cases to the original
measured values from Zwicker et al. [21].

A bandwidth function according to equation (10) was
chosen first for the ERB-scale with Δf (f = 0) =
28.52 Hz, c = 0.0939 and d = 6.23e−6 Hz−1; later the
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function was changed to a formula according to equa-
tion (3).

2.1.2. Shape of the auditory filters

The impulse responses of the auditory filters are chosen as
modulated low-pass filters (F is the center frequency of
the corresponding critical band),

hF (t) = 2hT,F (t) exp j2πF t , (14)

using the low-pass function6

hT,F (t) = ε(t)
1

(n − 1)!
1

τ(F )
t

τ(F )

n−1

· exp − t

τ(F )
, (15)

with the corresponding Fourier transform

HT,F (t) =
1

1 + j2πfτ(F )
n = HT

f

Δf (F )
, (16)

where n is the filter order7 and τ(F ) is a time constant,
related to Δf (F ) by

Δf (F ) =
1

22n−1

2n − 2
n − 1

1
τ(F )

. (17)

The equivalent rectangular duration ΔtERD is specified as
the energy of the normalized impulse response (divided by
the maximum hT,F ((n − 1)τ(F ))):

ΔtERD = τ(F )
(2n − 2)!

22n−1

e

n − 1

2n−2
. (18)

The band-pass filtering using hF (t) as described in equa-
tion (14) is implemented in three steps:
1. multiplying the input signal of the filter bank with the

corresponding modulator exp(−j2πF t) (shifting into
the low-pass domain, centered at f = 0 Hz),

2. filtering the complex signal using hT,F (t), and
3. multiplying the filtered signal with the corresponding

modulator exp(j2πF t) (shifting back to the correspond-
ing frequency F ).

Without loss of generality, all hearing model loudness cal-
culations in this paper are performed with the standardized
tabulated values of the critical bands according to Zwicker
with a resolution of 1 Bark.

2.2. Rectification

In [15] different approaches of rectification were consid-
ered: half-wave and full-wave rectification, and finally the
calculation of the magnitude of the analytic input signal
(by means of the Hilbert transform) with a special feature:
it can be shown that the vibration pattern of the basilar
membrane may be represented as the convolution of the
physical spectrum with a characteristic function, with the

6 ε(t) is the unit step function.
7 Filter order n = 5 is recommended.

proviso that an adequate frequency transform is used. The
neural processing in the brain is considered to be a high-
resolution spectral analysis that looks for dominant spec-
tral components and supplies them to a recognition pro-
cess [15]. In the present study only half-wave rectification
is applied.

2.3. Low-pass filtering

The low-pass filtering accounts for the fact that the human
ear cannot track envelope fluctuations faster than a certain
rate. For the implementation, 3rd-order low-pass filters are
used. The cutoff frequency of these filters equals 120 Hz.

2.4. Nonlinear signal processing

The nonlinearity of the auditory system is significant for
the loudness perception. The specific loudness distribu-
tion, resulting from the application of this nonlinearity
to the excitation pattern, also forms the basis for calcu-
lating other psychoacoustic parameters such as roughness
or fluctuation8. Moreover, the nonlinearity mainly deter-
mines the just-noticeable amplitude and frequency modu-
lations.

Zwicker [23] determined the level dependence of loud-
ness for 1-kHz tones using the method of adjustment,
where test persons had to set the level of a test tone in
such a way that it was perceived double or half as loud as
a reference tone. The experiment was performed at differ-
ent levels first for doubling and then for halving loudness.

Zwicker started in a first experiment for half loudness
perception at very high levels and then for the next sub-
tests decreased the level of the reference sound subse-
quently, whereas he did the opposite for double loudness
perception. As shown in Figure 6, the mean value of the
set-level lies between 10 and 18 dB for a reduction by half,
and between 7 and 14 dB for a doubling. At a certain initial
level, the scatter range for level reduction is up to 12 dB
and at least 4 dB. The higher scatter for level reduction is
explained by the influence of a previous tone on the capac-
ity to evaluate subsequent tones.

For simplification, a 10 dB level change for both dou-
bling and halving of loudness was chosen by Zwicker,
which corresponds to a power law with an exponent
v ≈ 0.6 regarding total loudness related to sound pressure
as always in this paper.9 The exponent of the power law
was set to v = 0.5 for the calculation of specific loudness
values in, e. g., ISO 532-1. Data published by Stevens also
show enormous scatter [24].

Due to the considerable scatter it must be doubted
whether the participants are at all able to set the loudness
(or other perception-related parameters) at certain ratios
(for discussion of problems related to loudness scaling re-
fer to [25, 26]).

8 Fluctuation and roughness calculations differ only in frequency weight-
ing: a band-pass filter instead of a high-pass filter is applied to the enve-
lope variations.
9 For example, a 14 dB level change for both doubling and halving of
loudness would correspond to a power law with an exponent of v ≈ 0.43.
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Figure 6. Level increment (filled circles) and decrement (open
circles) ΔL of a 1-kHz tone, required for double and half loud-
ness perception, respectively. The diagram shows the median
value and the interquartile range of 12 participants (according
to Zwicker [23]). Additionally, Zwicker’s approximation (hori-
zontal line) is depicted.

Figure 7. Just-noticeable amplitude differences ΔL for quasi-
stationary tone impulses (frequency: 1 kHz). The data taken from
Schorer [29] (filled circles: measurements performed by Schorer;
open circles: data included from Houtsma et al. (1980)) can best
be approximated for levels between 15 dB and 80 dB using a
power law with the exponent ν = 0.2, replotted from [15].

Garner [27] developed a procedure which constructs the
“true” chosen ratio of loudness values (instead of the de-
sired ratio of two) showing finally a much lower exponent
v ≈ 0.35. It is also noteworthy that the exponent found by
Garner agrees very well with data obtained by measure-
ments of the transverse velocity of the basilar membrane
(0.2 < v < 0.3) [28].

It is much easier for participants to decide whether two
sounds generate different or equal sensations, than for
them to adjust levels to double the loudness of a reference
sound. Following this approach various detection experi-
ments were studied in [15] assuming that the human hear-
ing system analyzes specific loudness in equidistant sensa-
tion steps. E.g., presenting two tones with sound pressures
p̃1 and p̃2, a level change is detected if the maximum spe-
cific loudness produced by these tones differs at least by

ΔN �, i.e.

p̃2 = y−1 y(p̃1) + ΔN � , (19)

where y is a nonlinearity function, y−1 is the inverse func-
tion, p̃ = p/

√
2, and ΔN � is the equidistant quantization

step of the sensation (specific loudness) derived from sev-
eral data published in the literature. If we plot the level
differences using equation (19) and p̃1 = p̃

ΔL
dB

= 20 log p̃2 − 20 log p̃1

= 20 log y−1 y(p̃) + ΔN �

− 20 log y−1 y(p̃)

≈ 20ΔN �

ln(10)

d ln y−1 y(p̃)

dy(p̃)
(20)

=
20ΔN �

ln(10)
p̃ dy(p̃)

dp̃

−1

in a double logarithmic diagram we get using y = p̃ν:

log
ΔL
dB

= log
20ΔN �

ln(10)ν
− ν log p̃ . (21)

Figure 7 shows as an example how measured just-notice-
able amplitude differences ΔL for quasi-stationary tone
impulses can best be approximated by a power law with
piecewise-defined exponents ν: ν = 1 for levels near hear-
ing threshold, ν ≈ 0.2 at levels between 15 dB and 80 dB
(according to equation 21).

In [15] the nonlinear transformation is described by

y1(p̃) =
p̃/p̃0 − a(p̃/p̃0)2 0 ≤ p̃ < p̃t,

b(p̃/p̃0)ν − c p̃t ≤ p̃.
(22)

The constants a, b and c are determined for the exponent
ν in such a way that the function is twice continuously
differentiable at the transition p̃t, and p̃0 = 20 µPa.

a =
1
2

1 − ν

2 − ν

1
p̃t
, (23)

b =
1
ν

1
2 − ν

p̃t

p̃νt
, (24)

c =
1
2

1 − ν

ν
p̃t. (25)

Recently, the nonlinearity between specific loudness and
sound pressure was reconsidered especially for higher
levels above approximately 80 dB according to results
of loudness matching experiments using 4th-order band-
pass-filtered uniform exciting noise centered around 1 kHz
[30]. As described in [30], two noise signals with a band-
width of 3 Bark and 5 Bark, respectively, were matched
in loudness by 24 normal-hearing listeners (8 females/16
males, age between 24 and 50 years). Further experiments
with smaller bandwidths were also performed, but disre-
garded because of the tonality impression of the narrow-
band signals (leading to a larger variance in the percep-
tual data). In a second experiment with 35 normal-hearing
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Figure 8. Nonlinearity between specific loudness and sound pres-
sure according to equation (26) (dotted curve) with ν0 = 1 and 8
exponents νi as a result of an optimization procedure. The dashed
curve shows the nonlinearity described in equation (22) using
only a power law with an exponent ν = 0.25 for levels above
15 dB as in [15].

listeners (13 females/22 males, age between 20 and 35
years), the results of the first experiment were validated.
A paired comparison test was performed for each level set,
always using the reference sound, the compared sound at
the matching level (median value), and at slightly changed
levels (adjusted in steps of 1 dB). The points of subjective
equality (PSE) found in the first experiment could be con-
firmed and were slightly corrected [30].

A nonlinearity function y2 was chosen to simulate this
experiment using the presented hearing model [31]

y2(p̃) =
p̃

p̃0

ν0
N

i=1

1 +
p̃

p̃ti

αi (νi−νi−1)/αi

, (26)

with ν0 = 1 and N further exponents νi. The thresholds
p̃ti were set to 15 dB, 25 dB, 35 dB, 45 dB, 55 dB, 65 dB,
75 dB, and 85 dB; all αi were set to 1.5. The N = 8
exponents (ν1 = 0.6602, ν2 = 0.0864, ν3 = 0.6384,
ν4 = 0.0328, ν5 = 0.4068, ν6 = 0.2082, ν7 = 0.3994 and
ν8 = 0.6434) were achieved by applying an optimization
procedure in order to minimize the mean squared error be-
tween the results of the loudness matching experiment and
the results of the model calculation.

Figure 8 compares the previous and extended nonlinear-
ities. The steeper slope at higher levels agrees with results
of experiments from Buus et al. [32] and Epstein et al.
[33].

There is more evidence for a more compressive non-
linear behavior of the human hearing system (power law
with an exponent ν ≈ 0.2 . . . 0.25) than the one used
in common loudness models, coming from the detection
of just-noticeable amplitude nodulation (see section 2.6),
frequency modulation [15] and the level dependence of
roughness calculation (based on the hearing model) [15].
In this case the nonlinear processing is modeled using an

even more compressive nonlinearity applied to the result
of a correlation analysis, which for stationary signals be-
haves as the above-described power law (see next section);
for details to roughness calculation refer to [34, 35].

As a consequence of using another nonlinear relation
between specific loudness and sound pressure than in cur-
rent standards, the output values differ, e. g., from the re-
sults of ISO 532-1. A level increment of 10 dB will no
longer cause the doubling of the loudness of 1 kHz tones,
often considered as a test case for loudness models based
on an oversimplifying assumption.

2.5. Temporal integration of loudness

Different approaches of temporal integration were imple-
mented and studied. In general, 3rd-order low-pass filters
provide a good fit to loudness data for sounds with varying
length (section 2.7). The impulse responses of 3rd-order
low-pass filters have a similar shape as the ear’s temporal
window proposed by Moore et al. [36] (weighted sum of
two rounded exponentials, asymmetrical shape using dif-
ferent time constants for the window parts to the left and
the right of the maximum, respectively), but the imple-
mentation is more practical [15]. Vogel also proposed a
3rd-order low-pass filter for temporal integration of loud-
ness [37].

Amplitude- as well as frequency-modulated tones gen-
erate envelope fluctuations in the individual channels of
the auditory filter bank. These fluctuations are analyzed
with respect to maxima and minima of the specific loud-
ness values. It is assumed that the fluctuations can be de-
tected if the difference between the extremes is at least
ΔN �.

For simulating the influence of modulation frequency on
the just-noticeable amplitude and frequency modulations,
the time weighting (“the ear’s temporal window”) is of
particular importance. Figure 9 compares results using the
described hearing model with published data from mea-
surements (by Schorer [29] and Riesz (1928, included in
[29]) as well as by Maiwald [38]). The simulations were
performed using a 3rd-order low-pass filter according to
equation (15) for temporal integration [15] and as nonlin-
earity a power law with the exponent ν = 0.25 for medium
levels.

2.6. Autocorrelation analysis

Inspired by the work of Licklider [39] concerning human
pitch perception, the sliding autocorrelation function was
used as a processing block in the hearing model of Sottek
for the calculation of roughness and fluctuation strength
[15] and later also for other psychoacoustic quantities like
tonality [16, 17]. Figure 10 displays the basic hearing
model structure and Figure 11 an example of the sliding
autocorrelation function (ACF) as described by

ϕ̂ss(t, τ, i) =
∞

−∞
si(t̃) · si(t̃ − τ) · w̃i(t̃ − τ) dt̃, (27)

where τ is the lag, and si is the band-pass signal of the
ith critical band. The weighting function w̃i(t) determines
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Figure 9. Just-noticeable amplitude modulation at f = 1 kHz
and sinusoidal modulation with fmod = 4 Hz, data taken from
Schorer [29] (filled circles: median value and interquartile range
of measurements performed by Schorer; open circles: data in-
cluded from Riesz (1928)) as well as by Maiwald [38] (triangles,
median value) compared with simulation results using as nonlin-
earity a power law with the exponent ν = 0.25 for levels above
15 dB (left), replotted from [15]. Additionally, the data taken
from Maiwald [38] are fitted even better with a slighty modi-
fied nonlinearity (right, median value and interquartile range),
replotted from [15].

how the past signal values contribute to the actual value
of the autocorrelation function. Defining wi(t) = w̃i(−t),
equation (27) can be expressed advantageously as a con-
volution product:

ϕ̂ss(t, τ, i) = si(t) · si(t − τ) ∗ wi(t). (28)

For wi(t) an impulse response of a 3rd-order low-pass filter
is used.

The calculation of the ACF according to equation (28)
is indeed highly efficient compared to the integral formula-
tion in equation (27), but still time consuming. Therefore,
the sliding ACF is calculated block-wise using the DFT to
shorten computing time. In this case, the weighting of the
past signal values is a little different. First, there is a low-
pass effect due to averaging over the block length. Second,
additional 3rd-order low-pass filters are applied to the ACF
time curve for each frequency band and lag of interest.10

In the first hearing model loudness approach [15], the
calculation was based only on a summation of compressed
band-pass signals (Figure 3). Recently, it was proposed to
use the autocorrelation function of the band-pass signals
to separate tonal content from noise in order to weight the
loudness of tonal components differently for an improved
loudness prediction of tonal sounds [17]. Without weight-
ing the loudness of tonal components differently, the spe-
cific loudness is calculated by applying the compressive
nonlinearity to the square root of ACF(τ = 0), because
the nonlinear transform is defined in this paper for pres-
sure input signals, whereas ACF(τ = 0) corresponds to
the energy of the input signal.

10 For all simulations in the following a sampling rate of 48 kHz and
a DFT length of 1024 is chosen. An overlap of approximately 75% is
used. The equivalent rectangular duration of the 3rd-order low-pass fil-
ters amounts to 5 ms.

Figure 10. Basic hearing model structure including the determi-
nation of the autocorrelation function as function of time, lag and
frequency band (see also Figure 11 and compare to Figure 3).

Figure 11. Sliding autocorrelation function applied to the band-
pass signals. The hearing model spectrum vs. time is accessible
as ACF(τ = 0) as a function of time and frequency band. Differ-
ent operations can be applied vs. lag and vs. frequency bands for
further processing.

The specific loudness in each band is reduced by the
specific loudness values corresponding to the lower thresh-
old of hearing for pure tones minus a fixed level value (for
the first attempt 6 dB) and set to zero for negative results.
Thus a pure tone at the threshold would cause a nonzero
specific loudness. The fact that the tone cannot be detected
could be taken into acount by an additional threshold for
overall loudness. This method makes it possible to model
the decreased threshold for complex sounds like multiple
tones of different frequency (each tone at threshold). This
simple but effective approach must be studied and perhaps
optimized later together with the different weighting of the
loudness of tonal and non-tonal components.

Afterwards, the entire ACF is normalized for each lag
with the same factor, i.e., the ratio of the specific loudness
and ACF(τ = 0).

The three-dimensional autocorrelation analysis contains
a lot of information and there are many ways to analyze the
data. In a first attempt, the data were condensed by sum-
ming the autocorrelation functions vs. frequency bands:
over a certain number of critical bands or over all critical
bands.
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Figure 12. Sum of the autocorrelation functions of all criticial
bands as a function of time t and lag τ for the sound hammer
(upper) and the sound ratchet wheel (lower) used in the Rennies
et al. study [2]. The zoomed areas at the right side better show
the different decays of the ACF vs. τ for the two sounds.

Figure 12 shows that the decay of the ACF is much
steeper for the sound ratchet wheel than for the sound
hammer (sounds used in the Rennies et al. study [2],
see Figure 1). Additionally, the maximum of the normal-
ized ACF in a certain lag range (τ > 0) is lower for
the sound ratchet wheel. Parameters related only to spe-
cific frequency ranges (low, middle, and high frequencies)
could be used as further features for a recognition and an
improved loudness evaluation of such ‘critical’ impulsive
sounds.

2.7. Model adjustment with synthetic sounds

In the following, several published experiments using syn-
thetic sounds were studied in order to validate or adjust
the parameters of the nonlinearity described in equation
(26) and the parameters of the low-pass filter for temporal
integration.

In section 2.4 a first experiment of Zwicker related to
the level dependence of loudness for 1-kHz tones is de-
scribed, showing differences between the results for halv-
ing and doubling loudness. Zwicker reviewed the design of
his experiment and performed another experiment where
he started for half and double loudness perception always
with the lowest level and then increased the reference level
by 10 dB for the next sub-test.

These results, depicted in Figure 13, show comparable
scatter ranges for half and double loudness perception, re-
spectively. In this case, the mean value of the set-level lies
between 5 and 13 dB for a reduction by half. The experi-
mental results are predicted very well (rms error: 0.9 dB,
Figure 13) by the hearing model of Sottek using an opti-
mized nonlinearity according to equation (26) (dashed-dot
curve in Figure 14) with 9 different exponents (N = 9).
The thresholds p̃ti were set to 10 dB, 20 dB, 30 dB, 40 dB,
50 dB, 60 dB, 70 dB, 80 dB and 90 dB; all αi were set to
1.5, and the exponents to ν1 = 0.5303, ν2 = 0.4518,
ν3 = 0.3723, ν4 = 0.6024, ν5 = 0.1132, ν6 = 0.1274,
ν7 = 0.8258, ν8 = 1.0034 and ν9 = 0.4227. Neverthe-
less, also the simulation results using the nonlinearity ac-
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Figure 13. Level increment (filled circles) and decrement (open
circles) ΔL of a 1-kHz tone, required for double and half loud-
ness perception, respectively, always starting with the lowest
level. The diagram shows the median value and the interquartile
range of 12 participants (according to Zwicker [23]). Addition-
ally, Zwicker’s approximation (horizontal lines) is depicted, and
as well as the results of simulations based on the hearing model
of Sottek using two different nonlinearities according to equation
(26) (see text below).
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Figure 14. Nonlinearities between specific loudness and sound
pressure derived from different data: JNDs [15], loudness match-
ing of noise [30], ratio loudness of tones [23], and from loudness
matching of tones [33]. The dashed curve shows a nonlinearity
that can be described by a linear function for levels below about
15 dB and a power law with an exponent ν = 0.25 for higher
levels (equation 22). The other three nonlinearities are functions
according to equation (26); they are results of optimization pro-
cedures to fit specific experimental data with the lowest mean
squared error. Additionally, the maximum level used in the ex-
periments is indicated.

cording to equation (26) derived from loudness matching
results of noise signals (dotted curve in Figure 14, maxi-
mum level used: 88 dB) agree well with the experimental
data (rms error: 2.1 dB, Figure 13).
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The solid curve in Figure 14 shows another nonlinearity
according to equation (26) optimized for loudness match-
ing experiments using 1-kHz tones of two different dura-
tions (5 ms and 200 ms) performed by Buus et al. [32] as
well as by Epstein and Florentine [33]. For such exper-
iments using very short impulses, the simulation results
depend on the nonlinearity as well as on the temporal inte-
gration. An overview about studies showing that the loud-
ness function is less steep at moderate levels than at low or
high levels is given by Florentine and Epstein [40].

For the temporal integration, other approaches besides
3rd-order low-pass filters are considered, e. g., the use
of two parallel 1st-order low-pass filters with different
weighting factors and time constants, for example in ISO
532-1 as described in [14] and by Hots et al. [41]. The
study by Hots et al. compared different models using up
to two 1st-order filters in a serial or parallel arrangement
(no 3rd-order low-pass filters). The advantage of a parallel
arrangement of two filters was shown for loudness match-
ing data from an international round robin test11 using one
data set (1-kHz tones of different durations for a level of
55 dB) applying an extended DLM model [8].

The performance of the different approaches is shown
in the following using a nonlinearity according to equa-
tion (26) (solid curve in Figure 14) with 4 different expo-
nents (N = 4). The thresholds p̃ti were set to 15 dB, 35 dB,
70 dB, and 90 dB; αi was set to 1.5, and the exponents to
ν1 = 0.5366, ν2 = 0.2188, ν3 = 0.5638 and ν4 = 2.

The simulation results shown in Figure 15 to Figure 18
are based on the assumption that at the point of equal
loudness the maxima of the loudness vs. time functions
of test and reference sounds are identical. Figure 15 and
Figure 16 show results of loudness matching experiments
of 1-kHz tones of different durations from Buus et al.
[32] and hearing model calculations using several val-
ues for the equivalent rectangular duration ΔtERD of the
3rd-order low-pass filter for temporal loudness integration
as defined in equation (18). The simulation results using
ΔtERD = 60 ms agree very well with the experimental
results of Buus et al. [32] as well as with the loudness
matching results of Epstein and Florentine [33] shown in
Figure 17.

In the loudness matching experiments performed by
Buus et al. [32] and by Epstein and Florentine [33], very
short and long tone pulses were adjusted in loudness
whereas in the experiments performed by Poulsen [42]
only pairs of double length were compared. That means
the nonlinearity does not have such a strong influence
on the simulation results of Poulsen’s experiment. Often,
accumulated data are shown, based on pairwise compar-
isons (5 ms/10ms, 10 ms/20 ms, etc.) as, e. g., in [42]. This
could be misleading as it suggests that the experiment was
performed using a different setup with respect to durations
and levels. To avoid confusion, Figure 18 shows the mea-
sured experimental data derived from Poulsen [42] as dif-

11 Data were collected from a very large group of subjects in a lot of
laboratories, each using one of three different measurement procedures.
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Figure 15. Results of loudness matching of 1-kHz tones of differ-
ent durations (5 ms and 200 ms, long tone adjusted) from Buus
et al. [32] (averaged across six participants) and hearing model
calculations with different values for ΔtERD of the 3rd-order low-
pass filter for temporal loudness integration: 40 ms, 60 ms, and
80 ms.

Level of 200-ms tone / dB SPL

10 20 30 40 50 60 70 80 90 100 110

(L
5
m
s-
L
2
0
0
m
s)
/
d
B

10

20

30

40

Experim. data: short tone adjusted

Hearing model: Δ tE R D = 40m s

Hearing model: Δ tE R D = 60m s

Hearing model: Δ tE R D = 80m s

Figure 16. Results of loudness matching of 1-kHz tones of differ-
ent durations (5 ms and 200 ms, short tone adjusted) from Buus
et al. [32] (averaged across six participants) and hearing model
calculations with different values for ΔtERD of the 3rd-order low-
pass filter for temporal loudness integration: 40 ms, 60 ms, and
80 ms.

ferences between two neighboring data points in Poulsen’s
data set. The simulation results are based on the compar-
isons in the original experiment (for each comparison the
level of the longer stimulus was set to the reference level
of interest: 35 dB). Even for longer durations (160/320 ms
and 320/640 ms), the experimental data (Figure 18) show
a mean level difference of about 1.5 dB for the shorter tone
at the point of subjective equality, but the 95% confidence
interval starts around 0 dB.

The 3rd-order low-pass filters are in general well suited
in combination with an appropriate nonlinearity to de-
scribe the temporal loudness integration. An equivalent
rectangular duration of ΔτERD = 60 ms is used to calculate
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Figure 17. Results of loudness matching of 1-kHz tones of dif-
ferent durations (5 ms and 200 ms, short tone as well as long tone
adjusted) from Epstein and Florentine [33] (mean and standard
deviation of nine participants) and hearing model simulations.
The equivalent rectangular duration of the 3rd-order low-pass fil-
ter for temporal loudness integration equals ΔtERD = 60 ms.

Pulse durations / ms

5/10 10/20 20/40 40/80 80/160 160/320 320/640

Δ
L
/
d
B

0

2

4

6

8

10

Exp. data (mean, 95% confidence)
Hearing model: Δ tE R D = 40m s

Hearing model: Δ tE R D = 50m s

Hearing model: Δ tE R D = 60m s

Hearing model: Δ tE R D (I S O 532 − 1)

Figure 18. Results of loudness matching of 1-kHz tones of dif-
ferent durations from Poulsen [42] for a level of 35 dB together
with hearing model calculations using a 3rd-order low-pass filter
for temporal loudness integration with different values of ΔtERD

(40 ms, 50 ms, and 60 ms) and two parallel 1st-order low-pass
filters as proposed for ISO 532-1 [14].

the loudness of the technical sounds in the next section.
The data provided by Poulsen can be better approximated
by a slightly shorter equivalent rectangular duration. Pre-
diction results using a temporal integration as defined in
ISO 532-1 based on two parallel 1st-order low-pass fil-
ters (time constants 3.5 ms and 70 ms)12 lie also within the
confidence interval, but are deviating more for shorter du-
rations (5ms/10 ms, 10 ms/20 ms) from the mean values
of the experiment (Figure 18).

12 The total loudness is the weighted sum (factors 0.47 and 0.53) of the
filtered signals.

There is a need for further research on temporal inte-
gration: for example it could be verified whether a level-
dependent time constant (longer time constants for higher
levels) could better fit the experimental data.

3. Validation of the hearing model using
technical sounds

The hearing model approach to time varying loudness as
described in section 2 shall be validated with results from
four loudness matching experiments using an adaptive
two-alternative forced-choice procedure applied to techni-
cal sounds, especially focusing on impulsive sounds, and
further, the effectiveness of the hearing model loudness
calculation shall be compared to the performance of other
loudness models. The hearing model parameters are ad-
justed based on several fundamental experiments using
synthetic sounds as illustrated in section 2.7.13 The de-
sign of all four experiments is almost the same, except
for Experiment 1, which was performed by other authors
(Rennies et al. [3], using diffuse-field instead of free-field
equalized headphones as in Experiments 2 to 4). Experi-
ment 2 is a replication of Experiment 1. For Experiments
3 and 4 new stimuli were used. Therefore, a common de-
scription of the procedure is given in the following.

3.1. Stimuli

Table III lists all sounds and their sources. Check marks
indicate in which of the four experiments they were used.
Sounds 1 to 10 were provided by Rennies together with the
experimental data of Experiment 1 [3], some other sounds
were taken from a free online sound data base and sound
white noise (WN) was generated using the software HEAD
acoustics ArtemiS. Sound durations were between 1.6 s
and 2.62 s.

Experiment 1 was performed by Rennies et al. [3]. The
technical signals used in Experiment 1 ranged from rather
stationary to highly impulsive sounds.

Experiment 2 is a replication of Experiment 1 using
free-field equalized headphones.

In Experiment 3 the three sounds ratchet wheel, ham-
mer and white noise (WN) were used, all adjusted to the
overall sound pressure level of 47.7 dB. These sounds
were filtered to match the 3rd-octave spectra of the two
other sounds, thus leading to three groups of three sounds,
e.g., ratchet wheel (original), white noise (filtered, 3rd-
octave spectrum of the sound ratchet wheel), hammer (fil-
tered, 3rd-octave spectrum of the sound ratchet wheel)
etc. The stimuli in each of the three groups approximately
preserved the temporal structure of the original sounds,
but had a highly similar long-term 3rd-octave spectrum
(namely that of the original sound in this group).

Experiment 4 is similar to Experiments 1 and 2 but with
new time-varying signals. The motivation for this experi-
ment was to find sounds with similar characteristics as the

13 A short overview of the model parameters used for the predictions is
given in section 3.4.
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Table III. List of all sounds and their sources used in the different experiments. freesound: see https://freesound.org

No. Name Exp. 1 Exp. 2 Exp. 3 Exp. 4 Reference

1 jet linear (reference) X X X Gee et al. (2007)
2 planing machine X X Brennecke and Remmers (1983)
3 ratchet wheel X X X X freesound: atamota, 26869, 0–2.02 s
4 machine gun X X freesound: Matt_G, 30749
5 hammer X X X X freesound: cognito perceptu, 17012
6 snare drum X X Rennies et al.
7 impact wrench X Brennecke and Remmers (1983)
8 jet nonlinear X X Gee et al. (2007)
9 screw wrench X freesound: digifishmusic, 54264
10 helicopter X X freesound: klankbeeld, 116692
11 white noise (WN) X HEAD acoustics ArtemiS
12 ratchet wheel 2 X freesound: atamota, 26869, 2.5–4.52 s
13 spray can X freesound: willc2_45220, 73266
14 door creak X freesound: plagasul, 386

sound ratchet wheel in order to investigate if other features
of the ACF for the hearing model loudness of Sottek could
be used to improve the loudness calculation as mentioned
in section 2.6.

3.2. Procedure

Loudness matching was performed in all experiments us-
ing an adaptive two-alternative forced-choice procedure
(for Experiments 2 to 4 the AFC-toolbox provided by
Ewert [43] was used). The participants heard a reference
sound (sound pressure level: 60.8 dB) and a test sound
separated by 500 ms of silence, presented diotically via a
digital equalizer (PEQ V from HEAD acoustics with free-
field equalization) and Sennheiser HD 650 headphones14

in a sound-attenuated listening studio. The order of test
and reference sound was randomly changed. The partici-
pants were asked to indicate which sound was perceived
as louder. The sound pressure level of the test sound was
adjusted depending on the participant’s response. The ini-
tial step size was 8 dB. The step size was halved after each
upper reversal until a step size of 2 dB was reached. The
matching was stopped when the results had converged to
almost the same perceived loudness of the test and the ref-
erence sound, i. e., after four further reversals. The mean
value of all levels after reaching the minimum step size
was taken as point of subjective equality. Experiment 2
was performed three times for each test sound using differ-
ent starting values in order to reduce bias effects. For this
experiment all the runs were divided into sessions of max-
imum 6 runs each with different sounds, which were mea-
sured in an interleaved way to further reduce bias effects
[44]. The different starting points led to almost the same
results (see below). In Experiments 3 and 4, performed by
the same participants, only one starting level was used.

For all experiments, the same reference sound jet linear
was used with the test sounds indicated in Table III, except
for Experiment 3 where three reference sounds (ratchet

14 In Experiment 1 performed by Rennies et al. [3] no additional equal-
izer was used.

wheel, hammer, and white noise) were used. The corre-
sponding test sounds for each reference sound were the
other two reference sounds, but filtered to have the same
3rd-octave spectra as the reference sound as described in
section 3.1.

3.3. Participants

Eleven normal-hearing listeners participated in Experi-
ment 1. None of these particpants reported any hearing
difficulties [3]. Fifteen normal-hearing listeners with self-
reported normal hearing (including the author) partici-
pated in the other experiments, all in Experiment 2, nine
of them in Experiment 3 and eleven in Experiment 4.

3.4. Loudness models

For each model, predictions were performed similar to the
experiment, adjusting the level of the test sound in order
to match the loudness of the reference sound. Silent in-
tervals of 100 ms were added at the beginning and end of
the sound, only for processing but were not considered for
the representative value of overall loudness. This was also
done in [3].

For Experiment 1, the model predictions were per-
formed using the sounds described in Table III pre-pro-
cessed by a filter provided by Rennies in order to mimic
the diffuse-field equalization of the HD 650 headphones
used in this experiment. This was not necessary for the
other own experiments using a free-field equalizer for
playback.

Four different time-varying loudness models were used
to predict the experimental data.

3.4.1. ISO 532-1 (DIN 45631/A1)
The general structure of ISO 532-1 and DIN 45631/A1
are described in the introduction. The algorithm considers
spectral loudness summation and forward masking. Tem-
poral integration is performed using the weighted sum of
two parallel low-pass filters with different time constants
[14]. The loudness value equalled or exceeded 5% of the
time is taken as representative value for overall loudness.
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3.4.2. DLM

The Dynamic Loudness Model as proposed in [7] has a
structure comparable to ISO 532-1 and DIN 45631/A1,
considering spectral loudness summation in short inter-
vals and subsequent low-pass filtering (8 Hz). The loud-
ness value equalled or exceeded 5% of the time is taken as
representative value for overall loudness.

3.4.3. TVL (stTVL, mtTVL, ltTVL)

The general structure of TVL is similar to the previously
described methods to calculate the instantaneous loudness,
which is integrated using a kind of automatic gain control
using a short attack time constant (22 ms) and a longer
release time constant (50 ms) to calculate the short-term
loudness stTVL. There is another version of TVL, long-
term loudness ltTVL, using a second temporal smoothing
stage with an attack time constant of 99 ms and a release
time constant of 2 s, applied to the short-term loudness.
Only stTVL and ltTVL are mentioned in the original pa-
per [9], but the software, available for download15 until
16th September 2015, was using a release time constant
of 200 ms for ltTVL, although there was a notice stating
that this version corresponds to [9]. In the meantime this
has been corrected. Nevertheless, the ‘faulty’ TVL version
showed good prediction results (section 3.5). Therefore,
this TVL model has been included as mtTVL, providing
further insights regarding the release time constant of the
TVL model. The loudness value equalled or exceeded 5%
of the time is taken as representative value for overall loud-
ness in the case of stTVL, mtTVL and ltTVL; additionally,
the mean value of mtTVL and ltTVL: five values, whereas
normally only two are considered: stTVL (5%) and ltTVL
(mean).

3.4.4. HML

The hearing model loudness of Sottek is described in sec-
tion 2. The model parameters used for the predictions are
(see Figure 10)16:
• Outer and middle ear filtering corresponding to the

ear’s transmission characteristic α0 of Zwicker’s loud-
ness model [1] in series with a high-pass filter of 1st-
order (attenuation of 6.5 dB/decade for frequencies be-
low 500 Hz),

• Auditory filter bank consisting of 24 non-overlapping
critical band filters as described in section 2.1 (filter
order n = 5, tabulated values of center frequency and
bandwidth as in [1]),

• Half-wave rectification,
• Sliding autocorrelation function, block-wise calcula-

tion by means of a DFT (length: 1024, overlap: 75%),
3rd-order low-pass filters (ΔtERD = 5 ms) applied to the
ACF vs. time curve for each frequency band and lag of
interest,

15 http://hearing.psychol.cam.ac.uk/demos/demos.html
16 All time signals are resampled to 48 kHz.
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Figure 19. Results of loudness matching experiments using the
indicated time-varying sounds and a stationary noise as reference
(circles and bars, mean and 95% confidence intervals): the level
differences at the point of subjective equality are given. Addition-
ally, the predictions of various loudness models (based onN5- or
mean values) are depicted.

• Nonlinearity according to equation (26) derived from
loudness matching results of noise signals (dotted curve
in Figure 14),

• Subtraction of the specific loudness value correspond-
ing to the lower threshold of hearing for pure tones re-
duced by 6 dB from the calculated specific loudness in
each band (negative values are set to zero),

• Temporal integration using 3rd-order low-pass filters
with an equivalent rectangular duration of ΔtERD =
60 ms.

The loudness value equalled or exceeded 5% of the time is
taken as representative value for overall loudness.

3.5. Results

3.5.1. Experiment 1: Loudness of sounds with varying
spectro-temporal characteristics

The open circles in each panel of Figure 19 show mean
level differences between the test sounds and the refer-
ence sound at equal loudness for the indicated sounds,
based on averaged values for each participant and each
test sound using three different starting values. Addition-
ally 95% confidence intervals are given. The data were
provided by Rennies [3]. The sounds are sorted according
to their level difference at equal loudness. The predictions
of the different models described above are also depicted
in the same Figure 19. The results of Rennies et al. [3]
could be verified for DLM (5%), stTVL (5%) and ltTVL
(mean). The other models were not used in [3].

The largest deviations were observed for the sounds
ratchet wheel and planing machine as in a previous exper-
iment of Rennies et al. [2] (Figure 1). All models under-
estimate the loudness of these sounds. Almost all models
(except mtTVL (mean)) overestimate the loudness of the
sound hammer, and the loudness of the sound snare drum
is overestimated by almost all models (except mtTVL
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Table IV. Coefficient of determination (R2) and Spearman’s rank correlation coefficient (ρS ) for Experiment 1 using the rms level
differences ΔL and A-weighted level differences ΔL(A).

mtTVL DLM stTVL ISO 532-1 ltTVL mtTVL ltTVL HML
(mean) (5%) (5%) (5%) (5%) (5%) (mean) (5%)

R2(ΔL) 0.45 0.26 0.36 0.31 0.38 0.42 0.48 0.53
R2(ΔL(A)) 0.17 0.01 0.01 0.01 0.02 0.03 0.11 0.22
ρS (ΔL) 0.43 0.43 0.35 0.45 0.35 0.37 0.53 0.58
ρS (ΔL(A)) 0.43 0.18 0.05 0.22 0.03 0.07 0.40 0.47

(mean) and ltTVL (mean)). In general, the deviations be-
tween experimental results and predictions were larger in
the previous experiment.

To assess the overall prediction quality of the models the
coefficient of determination (R2), Spearman’s rank corre-
lation coefficient (ρS ), the root mean squared error (ε),
and the prediction bias (mean of prediction error) (θ) are
proposed in [3].

Which of these quantities is appropriate for predicting
the quality of loudness models with respect to loudness
matching experiments? Obviously, a very low root mean
squared error is a good indicator: preferably ε should be
close to zero or the prediction should lie within the 95%
confidence interval because the exact mean of the experi-
mental data is not known.17 In addition, a small prediction
bias θ is a meaningful indicator.

In loudness matching experiments the participants are
normally asked to indicate which sound is perceived as
louder, e. g., the reference or the test sound. Subse-
quently, the test sound is multiplied by a factor depend-
ing on the participant’s response. This action applies to
the unweighted and any weighted level such as the A-
weighted sound pressure level of test and reference signals
in the same way. Therefore, the choice of the parameter to
be evaluated appears arbitrary. Typically, the unweighted
level is considered as in the paper of Rennies et al. [3], but
often without justification.

Table IV shows the correlation-based parameters R2

and ρS for Experiment 1 using the rms level differences
ΔL and also A-weighted level differences (ΔL(A)), by
adding to the result of each test sound a different con-
stant: the difference of the A-weighted level of the refer-
ence and the test sound. Correlation strongly depends on
the choice of the parameter. This does not mean that in
general correlation parameters are not suitable. For exam-
ple, there is no doubt about the appropriateness of these
parameters if comparing loudness model predictions with,
e.g., magnitude estimation data. However, for the evalua-
tion of loudness matching experiments the appropriate pa-
rameters must be found, and, if these parameters cannot
be defined reliably, correlation-based parameters should
be considered carefully. Therefore, it is recommended to
focus on the reliable parameters ε and θ from the proposed
set of indicators.

17 The mean is expected to lie between the lowest and the highest values
of the 95% confidence interval with a probability of 95%.
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Figure 20. Root mean squared error ε, and the prediction bias
(mean of prediction error) θ for Experiment 1.

Figure 20 shows the root mean squared error ε and the
prediction bias θ for the different model predictions or-
dered from left to right starting with the highest value for
ε. The hearing model loudness HML (5%) shows the low-
est prediction error and a low prediction bias, followed
by ltTVL (mean). The results from mtTVL (mean), DLM
(5%) and stTVL (5%) show the highest prediction error.
The results from ISO 532-1, ltTVL (5%) and mtTVL (5%)
lie between.

3.5.2. Experiment 2: Replication of Experiment 1 using
free-field equalized headphones

The open circles in Figure 21 show the mean level dif-
ferences between test and reference sounds at the point
of subjective equality and the corresponding 95% confi-
dence intervals, based on averaged values for each partici-
pant and each test sound using three different starting val-
ues. The sounds are arranged in the same order as in Fig-
ure 19, only the sounds impact wrench and screw wrench
were not used in the Experiment 2 (performed before the
data of Experiment 1 were available). In general, the re-
sults of Experiment 2 differ only slightly from the results
of Experiment 1 with respect to mean values (maximum
difference 2.2 dB in the case of the sound ratchet wheel)
and confidence intervals (maximum difference 1.5 dB in
case of the sound machine gun and 1.4 dB in case of the
sound ratchet wheel). Therefore, the general conclusions
are the same as described above.
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Intra-individual variability was considered by analyz-
ing the three repetitions. The maximum difference ob-
served between the results for three trials using the same
sound with different starting levels was 14.5 dB (machine
gun) for only one participant. This participant showed for
other sounds a maximum difference of 1.5 dB. The low-
est value observed for all participants and sounds was
0.5 dB. The mean value of this difference for all partici-
pants and all sounds was 4 dB. The highest value averaged
over all participants was observed for the sounds machine
gun (6.3 dB) and ratchet wheel (5.7 dB).

The root mean squared error ε, and the prediction bias
θ for Experiment 2 are depicted in Figure 22. In general,
ε is about 0.5 dB lower than in Experiment 1. HML (5%)
again shows the lowest value, followed by ltTVL (mean).
The sequence of order with respect to this quality measure
is slightly changed compared to Experiment 1, but only for
the algorithm showing larger prediction errors.

However, these quantities ε and θ are only quality indi-
cators and not quality measures. Such a quality measure
should be based on loudness, the parameter of interest.
Measures like the root mean squared error εN , and the pre-
diction bias (mean of prediction error) θN based on the
loudness of the reference and test sounds at the point of
subjective equality should be used instead, because these
parameters consider the nonlinearity, the level-dependent
loudness function.

Additionally, it should be taken into account that the
true values of the experimental data are not known and
can be only estimated. Therefore, a quality measure should
consider the confidence intervals of the measured data.
This can be achieved by the following procedure applied
for each loudness model separately.

• For each sound of interest three new sounds are gener-
ated with a level according to
– the lowest value of the confidence interval,
– the mean value and
– the highest value of the confidence interval at the

point of equal loudness.
• The loudness of the adjusted sounds is predicted using

the model of interest assuming that the loudness model
performs a better prediction of loudness than simple
level calculation. For example, a prediction error of,
e. g., 6 dB in a loudness matching experiment using
a sound at a moderate level where the loudness func-
tion is not as steep as at low or high levels should not
be considered as a very large error, because it corre-
sponds to a small or medium loudness difference. On
the other hand, at low or high levels, a 6 dB level dif-
ference would lead to a larger loudness difference, and
thus, should be considered as a larger error.

• Optionally, these calculated loudness values are nor-
malized by the loudness of the corresponding reference
sound in order to consider relative errors, as is per-
formed in the following. The target line for optimal re-
sults is then a value of 1 (horizontal line as shown in
Figure 23 for Experiments 1 and 2).
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Figure 21. Results of loudness matching experiments using the
indicated time-varying sounds and a stationary noise as reference
(circles and bars: mean and 95% confidence intervals): the level
differences at the point of subjective equality are given. Addition-
ally, the predictions of various loudness models (based onN5- or
mean values) are depicted.
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Figure 22. Root mean squared error ε, and the prediction bias
(mean of prediction error) θ for Experiment 2.

• The root mean squared error σ of a distance measure
between the predicted values and the confidence inter-
val is taken as a quality measure. The distance measure
is defined as
– zero, if the prediction lies between the lowest and

highest value of the 95% confidence interval, the de-
sired case,

– the difference between the lowest value of the 95%
confidence interval and the prediction, if the predic-
tion is smaller than lowest value of the 95% confi-
dence interval,

– the difference between the prediction and highest
value of the 95% confidence interval, if the highest
value of the 95% confidence interval is smaller than
the prediction.
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Table V. Quality indicators and measures of the different loudness models for Experiments 1 and 2.

mtTVL DLM stTVL ISO 532-1 ltTVL mtTVL ltTVL HML
(mean) (5%) (5%) (5%) (5%) (5%) (mean) (5%)

Exp. 1 ε [dB] 6.2 5.9 5.5 5.3 5.1 4.9 4.8 4.6
θ [dB] -4.4 -1.5 0.6 -1.4 -0.1 -0.9 -2.2 -0.6
εN [sone] 2.4 1.9 2.9 1.9 2.5 2.2 1.9 1.3
θN [sone] -1.7 -0.3 0.8 -0.3 0.3 -0.2 -0.8 -0.1
σ [%] 12.2 9.3 10.4 8.3 8.1 6.8 6.7 3.8

Exp. 2 ε [dB] 5.4 5.7 5.4 4.7 4.8 4.3 4.1 3.7
θ [dB] -4.1 -0.7 1.2 -0.3 0.4 -0.5 -1.8 0.1
εN [sone] 2.2 2.1 3.3 2.1 2.6 2.2 1.8 1.1
θN [sone] -1.7 0.1 1.1 0.0 0.5 0.0 -0.7 0.1
σ [%] 11.0 11.1 14.1 9.1 8.9 6.3 5.0 2.9
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Figure 23. Loudness predictions based on 95% confidence inter-
vals of adjusted levels for Experiment 1 (a) and 2 (b).

Figure 23 shows the results based on the loudness-based
quality measures for both Experiments 1 and 2. In gen-
eral HML (5%) shows smaller bars, caused by the stronger
compression used. Figure 24 depicts the quality measure
considering the confidence intervals of the measurements
as described before. Table V lists all the numerical values
of all quality indicators and measures.
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Figure 24. Prediction quality based on loudness deviation from
95% confidence intervals.

3.5.3. Experiment 3: Loudness of time-varying sounds
with equal 3rd-octave spectra

Because the loudness predictions for some impulsive
sounds do not match the ratings of normal-hearing lis-
teners, the influence of specific signal properties of these
sounds on the assessment of loudness was examined, start-
ing with the sound ratchet wheel and other sounds pro-
vided by courtesy of Rennies, in order to investigate the
reason why this sound was underestimated in loudness
contrary to other impulsive sounds.

As described in sections 3.1 and 3.2 three different
groups of three signals, e.g., ratchet wheel (original, ref-
erence sound), white noise (filtered, 3rd-octave spectrum
of the sound ratchet wheel, test sound), hammer (fil-
tered, 3rd-octave spectrum of the sound ratchet wheel, test
sound) are used in this experiment. The corresponding
loudness matching tests for this example are denoted by
WN / LT Ratchet wheel respectively Hammer / LT Ratchet
wheel on the abscissa of Figure 25. The results of Experi-
ment 3 (Figure 25) show that all models underestimate the
loudness of the sounds ratchet wheel with modified 3rd-
octave spectra (denoted by Ratchet wheel / LT WN and
Ratchet wheel / LT Hammer), and some models also un-
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Table VI. Quality measures of the different loudness models for Experiments 3 and 4.

stTVL mtTVL ltTVL ltTVL mtTVL DLM ISO 532-1 HML
(5%) (mean) (5%) (mean) (5%) (5%) (5%) (5%)

Exp. 3 εN [sone] 2.3 1.8 1.8 1.7 1.6 1.6 1.3 0.6
θN [sone] 0.5 0.3 0.4 0.3 0.4 0.4 0.4 0.3
σ [%] 5.0 8.6 2.5 4.9 3.1 7.4 3.1 0.0

Exp. 4 εN [sone] 3.4 3.0 3.0 2.9 2.8 2.7 2.5 1.4
θN [sone] -0.2 -2.1 -0.8 -1.4 -1.3 -1.1 -1.2 -0.5
σ [%] 22.5 23.9 20.7 22.8 19.1 27.2 22.5 10.2
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Figure 25. Loudness predictions based on 95% confidence inter-
vals of adjusted levels for Experiment 3.

derestimate the original sound ratchet wheel as reference
stimulus (denoted by Hammer / LT Ratchet wheel). The
hearing model of Sottek predicts the results of this exper-
iment within the 95% confidence intervals of the adjusted
levels. The quality measures of the different loudness mod-
els for this experiment are listed in Table VI, sorted with
respect to the root mean squared error εN .

3.5.4. Experiment 4: Loudness of new time-varying
sounds

Figure 12 illustrates the fact that the summed ACF of
the sound ratchet wheel has different features than the
sound hammer. It was verified that the decay of the ACF
is much steeper for the sound ratchet wheel than for all
other sounds used in Experiment 1. After observing this
special feature of the sound ratchet wheel, new test sounds
were searched for with similar properties. As examples,
the sound ratchet wheel 2 (another cut of the recording
as indicated in Table III), the sound spray can (rattling
sound), and the sound door creak were analyzed.

On the one hand, Figure 26 shows that the results for the
sounds ratchet wheel 2 and spray can have one key aspect
in common with the result of the first sound ratchet wheel:
an abrupt decay of the normalized summed ACF. These
sounds are very impulsive and have strong high frequency
contents. On the other hand, the decay of the normalized
summed ACF of the sound door creak is very similar to

Figure 26. Sum of the autocorrelation functions of all criticial
bands as a function of time t and lag τ for the sounds ratchet
wheel 2, spray can (rattling sound), and door creak.

that of the sound hammer. These sounds are less impulsive
and have stronger low frequency contents.

It is hypothesized that the loudness of the sounds ratchet
wheel 2 and spray can are underestimated by the existing
loudness models as in the case of the sound ratchet wheel.
This should not be the case for the sound door creak. Fig-
ure 27 supports this assumption.

Figure 27 also shows results achieved by the hearing
model loudness approach but without any consideration of
the ACF vs. lag functions. The results of this experiment
are predicted in general better by the hearing model com-
pared to the other models. The quality measures of the dif-
ferent loudness models for this experiment are listed in Ta-
ble VI, sorted with respect to root mean squared error εN .

4. Discussion

The first two experiments were considered in order to com-
pare results of loudness matching experiments performed
in two different studies with different software and hard-
ware, but with the same methodology. In general, the re-
sults were very similar, as described above. The method to
evaluate the prediction quality was different between the
two studies; whereas Rennies et al. [3] are concentrating
more on correlation values than on root mean squared er-
rors of level differences at equal loudness, the focus of the
present study lies on prediction measures based on loud-
ness, the parameter of interest. The main conclusion of
Rennies et al. that ltTVL (mean) performs the best among
the considered models, is based mainly on correlation (R2

and ρS ). Looking at the root mean squared error ε the dif-
ference between DIN 45631/A1 and ltTVL is, for the con-

741

Document downloaded by  @DAEL, 2026-10-17 21:45:18 - personal use only



ACTA ACUSTICA UNITED WITH ACUSTICA Sottek: Hearing model approach
Vol. 102 (2016)

N
te
st
/
N
re
fe
re
n
ce

0

0.5

1

1.5

2

2.5

Ham
mer

Ratc
het w

heel

Ratc
het w

heel
2

Spra
y can

Door
creak

DLM (5%)

stTVL (5%)
mtTVL (mean)

mtTVL (5%)
ltTVL (mean)

ltTVL (5%)

ISO 532-1 (5%)

HML (5%)

Figure 27. Loudness predictions based on 95% confidence inter-
vals of adjusted levels for Experiment 4.

sidered Experiment 1, still in favor of ltTVL (by 0.7 dB)18,
but for the other experiments from Rennies et al. [3] (not
covered in this paper) it is in favor of DIN 45631/A1 (by
0.4 dB and 0.8 dB). The hearing model approach to time-
varying loudness HML (5%) performed (even for non-
recommended correlation parameters) the best, followed
by ltTVL (mean) and mtTVL (5%). DLM (5%), stTVL
(5%) and mtTVL (mean) were less accurate.

Experiment 3 covered sounds with equal 3rd-octave
spectra but different time structures of reference and test
signals where stationary loudness models would show al-
most no loudness difference for the unmodified sounds.
The root mean squared error with respect to loudness
εN lies between 0.6 sone for HML (5%) and 2.3 sone
for stTVL (5%) without considering the confidence in-
tervals of the measurements. It should be considered that
the different models are using different nonlinearities and,
thus, provide a different loudness scaling. Therefore, rela-
tive errors may be better comparable: the introduced mea-
sure σ shows the best value for HML (5%), followed by
ltTVL (5%), mtTVL (5%) and ISO 532-1 (5%); mtTVL
(mean), DLM (5%), stTVL (5%) and ltTVL (mean) were
less accurate. In general, the prediction quality was only
slightly better than for Experiments 1 and 2 where spectro-
temporal characteristics were varied. Largest deviations
were found for the sound hammer with the same 3rd-
octave spectra as the sound ratchet wheel adjusted in loud-
ness to the sound ratchet wheel, but small deviations for
the filtered WN adjusted in loudness to the sound ratchet
wheel. This indicates that for the sound ratchet wheel the
loudness depends strongly on both spectral and temporal
characteristics, as also concluded by Rennies et al. [3].

Experiment 4 was similar to Experiments 1 and 2 but
with new time-varying signals. As described above, the
motivation for this experiment was to find sounds with

18 In this study, using the TVL software from http://hearing.psychol.cam.
ac.uk/Demos/demos.html, only a difference of 0.5 dB could be found.

similar characteristics as the sound ratchet wheel in order
to investigate if other features of the ACF for the hearing
model loudness of Sottek could be used to improve loud-
ness calculation. The first results are very promising for
proceeding further in this direction. The root mean squared
error with respect to loudness εN lies between 1.4 sone for
HML (5%) (without any consideration of the ACF vs. lag
functions) and 3.4 sone for stTVL (5%). ISO 532-1 (5%)
shows, as for Experiment 3, the second lowest deviation of
2.5 sone. The introduced measure σ shows values between
10.2% for HML (5%) and 27.2% for DLM (5%). The re-
sults for mtTVL (5%) show with 19.1% the second lowest
value.

In this study three different versions of the TVL model
were considered using different temporal integration: the
stTVL method with only one temporal integration stage
and two other versions using a second temporal integra-
tion stage with different release time constants: 2000 ms
(ltTVL) and 200 ms (mtTVL). It could be shown that a
change of the release time constant by one order of mag-
nitude yields almost the same results for Experiment 1 to
3 and even better results for Experiment 4 where sounds
with special temporal features were evaluated, provided
that ltTVL (mean) and mtTVL (5%) are used to derive
overall loudness. The very long release time constant of
the ltTVL method seems to be essential for good loudness
prediction if averaging is applied, yielding always better
results than the mtTVL (mean) method. But if percentile
loudness values are needed, e.g., to be comparable to other
models based on short-term loudness, the mtTVL method
should be used. The stTVL method using the shortest time
constants showed the poorest results among the three TVL
versions.

5. Conclusion

The existing loudness models cannot always reliably pre-
dict the perceived loudness of sounds, such as in the case
of impulsive sounds. For some of the investigated impul-
sive sounds, loudness is strongly underestimated (e. g., the
sound ratchet wheel) while for other sounds, loudness is
overestimated (e. g., the sound hammer). The presented
hearing model approach to time-varying loudness HML
(5%) performs better than other existing loudness models,
followed by ltTVL (mean), the introduced mtTVL (5%)
as a modified version of the ltTVL model (with a release
time constant of 200 ms for the second cascade of tempo-
ral integration instead of 2000 ms) and the new loudness
standard ISO 532-1 (5%) (based on DIN 45631/A1).

It could be found that sounds with adapted 3rd-octave
spectra but different time structures may have significantly
different perceived loudness, although many existing mod-
els (with the exception of the HML) do not predict these
differences.

An overview of a theoretical system model of the
monaural signal processing in the human auditory sys-
tem, introduced by Sottek from 1989 to 1993, was given
which explains and describes not only special aspects of
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sound perception, but also many psychoacoustic phenom-
ena. The focus was placed on a functional scheme to
calculate the excitation pattern on the basilar membrane
and to model the nonlinear behavior with respect to just-
noticeable amplitude differences and variations.

The described hearing model, characterized especially
by the application of the nonlinearity and the steeper curve
progression at higher levels, leads to a significant improve-
ment of the prediction quality for several loudness match-
ing experiments using synthetic and technical sounds.

The hearing model analysis of impulsive sounds, espe-
cially the evaluation of the three-dimensional autocorrela-
tion analysis (time, lag, and frequency band) permits the
derivation of features for a further improved loudness pre-
diction of impulsive sounds.
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