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Abstract

The sensation of fluctuation strength (FS) is elicited by slow modulations of a sound, either in
amplitude or frequency (typically < 20 Hz), and is related to the perception of rhythm. In speech,
such periodicities convey valuable information for intelligibility (prosody). In western music, most
of the envelope periodicities are also found in that range. These are evidences of the poten-
tial relevance of FS in the perception of speech and music. There is, however, no published
computational model to assess the FS of a sound. This might be one reason why when slow
modulations of a sound are to be analysed, other indirect measures (e.g., loudness to estimate
“loudness fluctuations”) or more complex techniques (e.g., the modulation filter bank) are used.
In this paper we present a model of fluctuation strength. Our model was developed taking ad-
vantage of the physical similarity between FS and the psychoacoustical sensation of roughness.
The FS model was then adjusted and fitted to existing experimental data collected using artificial
stimuli, namely, amplitude- (AM) and frequency- (FM) modulated tones and amplitude-modulated
broadband noise (AM BBN). The test battery of sounds also considered samples of male and
female speech and some musical instrument sounds.

Keywords: Fluctuation strength, amplitude modulation, frequency modulation, perceptual at-
tributes.
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Modelling the sensation of fluctuation strength

1 Introduction
Temporal fluctuations in amplitude and in frequency are found naturally in everyday sounds.
Amplitude modulations (AM) are related to the envelope of a waveform, while frequency mod-
ulations (FM) to its fine structure. Envelope refers to the perceived acoustic amplitude of a
sound that is integrated by the hearing system due to its slow response (or “sluggishness”) to
high rate (sound pressure) variations of its waveform. Two examples of everyday sounds are
speech and music. Speech was described by Rosen [1] as temporal fluctuating patterns with
three partitions: envelope, periodicity and fine structure. The envelope contributes to, among
other factors, prosody (i.e., duration, speech rhythm) and articulation, periodicity to intonation
and fine structure to the timbre of a sound. With these concepts, it seems logical to assume
that the characterisation of speech as temporal fluctuating pattern is also applicable to music.
The link between prosody and Western music found by Patel et al. [2] supports this assump-
tion.

Two of the well-known classical psychoacoustical metrics are related to the perception of mod-
ulated sounds: fluctuation strength (FS) [3, 4] and roughness [5], for sounds modulated at
slower frequencies (<20 Hz) and more rapid modulation rates (20-300 Hz), respectively. Both
sensations show a bandpass characteristic with peaks at 4 Hz for FS and 70 Hz for roughness.
The range of modulations below 20 Hz has been shown to be of special interest for speech in-
telligibility [6, 7] as well as for the perception of rhythm, which is related to the average syllable
rate at AMs of around 4 Hz [8].

FS is an attribute related to the perception of the envelope in the range that we indicated as
relevant for speech intelligibility (and potentially also for music). Roughness, however, is an
attribute related to timbre (due to the higher modulation frequency range) that has taken more
attention for its accepted influence in the perception of unpleasantness of a sound. There are,
therefore, a number of published roughness models [e.g. 5, 9, 10]. Less detailed information
about the algorithms to assess FS is available or solutions that apply for a specific type of
stimuli have been described, for instance for AM sinusoids or AM broad-band noise (AM BBN)
[3, 11]. Examples of the first case are the algorithms available in commercial software pack-
ages (Pulse by Brüel & Kjaer, ArtemiS by Head Acoustics GmbH, PAK by Müller BBM, PAAS
[12]). In this paper a model of FS is presented. The similarities between FS and roughness
listed above motivated the development of our implementation based on an existing roughness
model [9, 13]. Although a similar approach was followed by Sontacchi almost 20 years ago
[12] our database of sounds used for developing and testing the algorithm is more diverse,
including not only artificial sounds (AM and FM tones and AM BBN) but also a few cases of
male and female speech and music samples, which were taken from the test battery of sounds
used in [14]. One of the goals of this paper was to give the first steps towards the develop-
ment of a “unified” FS model in line with previous research quantifying how close our results
are from estimates provided in the literature, obtained either experimentally or by using other
computational algorithms.
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Figure 1: Structure of our model of fluctuation strength.

2 Methods
2.1 Model of fluctuation strength

The algorithm used in our model of fluctuation strength (FS) was adapted from the roughness
extraction algorithm described in [5, 9]. The structure of the model is shown in Figure 1, where
the highlighted blocks represent the processing stages that we modified in our FS model. The
model assumes that the total FS is the sum of partial contributions from N auditory filters and
it is based on the concept of modulation:

FS =
N

∑
i=1

fi =CFS ·
N

∑
i=1

(m∗i )
pm · |ki−2 · ki|pk · (g(zi))

pg (1)

where N is the number of auditory filters (here N = 47), m∗ is a generalised modulation depth,
k refers to the normalised cross covariance between different auditory filters and g(zi) is an
additional free parameter to introduce a weighting as a function of centre frequency. The prod-
uct of all the elements in Equation 1 as a function of the critical band i defines the specific
fluctuation strength fi. The parameters CFS, pm, pk and pg are constants optimised to fit the
model. Further explanation of these parameters is provided in the subsequent sections.

In general, the model provides FS estimates for successive analysis frames. The frames have
a duration of 2 s and a 90%-overlap and are gated on and off with 50-ms raised-cosine ramps.
Each analysis frame is independently and successively passed through the processing blocks
described below. For this reason from hereafter we refer to all analysis frames as the “input
signal”.

2.1.1 Transmission factor a0

To approximate the incoming signal to what arrives to the oval window (beginning of the inner
ear), the transmission factor a0 is applied. This factor introduces a frequency dependent gain
that accounts for the sound transmission from free-field through the outer and middle ear. In
our model a0 was implemented as a 4096th-order FIR filter.

2.1.2 Critical-band filter bank

In the frequency domain (N-point FFT, frequency resolution ∆ f = 0.5 Hz), all frequency bins with
amplitudes above the absolute hearing threshold are transformed into a triangular excitation
pattern [15]. The triangular excitation pattern produced by the frequency component f (in Hz)
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at a level L (in dB) has a constant lower slope S1 of 27 dB/Bark and higher slope S2 defined
by Equation 2.

S2 = 24+
230

f
−0.2L [dB/Bark] (2)

The slopes S1 and S2 are defined in the frequency domain and referred to the critical-band
scale, expressed in Bark. An analytical expression to relate the frequencies z in Bark and f in
Hz is given by Equation 3 [16].

z = 13 · arctan
(
0.76 ·10−4 f

)
+3.5 · arctan

([
f

7500

]2
)

(3)

The excitation patterns are a way to determine the contribution of a given frequency fk (and
level Lk) to another auditory filter, located at an “observation point” i, with a Bark distance
of ∆z Bark (keeping the same phase of the component at k). That contribution, Lk,i, can be
expressed as:

Lk,i = Lk−S2∆z = Lk−S2(zi− zk) if fk < fi (4)

Lk,i = Lk−S1∆z = Lk−S1(zk− zi) if fk > fi (5)

where zi and zk are the corresponding frequencies fi and fk in the critical-band rate scale that
can be calculated using Equation 3.

If we now consider 47 equally spaced “observation points” (with a spacing of 0.5 Bark) related
to the frequency range from 0.5 Bark (50 Hz) to 23.5 Bark (13.2 kHz) and evaluate the indi-
vidual contribution of each computed excitation pattern, 47 output (audio) signals are obtained.
These 47 signals can be interpreted as the output of a critical-band filter bank with centre fre-
quencies zi = 0.5 · i Bark and bandwidth of 1 Bark. At the end of this stage each spectrum
is converted back to the time domain using an inverse Fourier Transform (IFFT), obtaining 47
ei(t) signals.

2.1.3 Generalised modulation depth m∗i
Each of the 47 signals ei(t) obtained from the critical filter bank is used to obtain an estimate of
the modulation depth m∗. The so-called generalised modulation depth is calculated by dividing
the RMS value of the weighted envelopes of hBP,i(t) by their DC values h0,i. The DC value is
calculated from the full-wave rectified time signals:

h0,i = |ei(t)| (6)

The weighted excitation envelopes are determined by:

hBP,i(t) = IFFT{H( fmod) ·FFT (|ei(t)|)} (7)

The weighting function H is used because the fluctuations of the envelope are contained in
the low part of the excitation patterns ei in the frequency domain. The shape of the H( fmod)
function was chosen to account for the bandpass characteristic of the sensation of fluctuation
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strength (with maximum at a modulation frequency of 4 Hz). The resulting H( fmod) was im-
plemented as an IIR filter with passband between 3.1 and 12 Hz (see section 3.1 for further
details).

The RMS of the weighted functions hBP,i is then used to obtain the generalised modulation
depths:

m∗i =
hBP,i

h0,i
(8)

In the original roughness model this ratio was limited to a maximum value of 1. FM tones
represent a case where this limitation was often being applied, but their roughness in asper
reaches larger values (3.2 asper for a 1.6-kHz tone, fmod at 80 Hz, fdev of ±800 Hz and 60 dB
SPL) than those for FS in vacil (1.4-kHz tone, fmod at 4 Hz, fdev of ±700 Hz and 60 dB SPL).
In our FS model we suggest to introduce a compression stage to the ratio m∗i rather than a
limitation. A compression ratio of 3:1 is applied when the modulation depth estimate exceeds a
threshold of 0.7 units. This means that if m∗i is 0.15 units above the threshold, i.e., m∗i input = 0.85
the resulting modulation depth will be 0.05 (0.15/3) above threshold resulting in m∗i output = 0.75.

2.1.4 Normalised cross covariance

In a discrete time domain the normalised cross covariance (in short, cross covariance) between
the functions x and y, both being N samples long, is defined by Equation 9 [see e.g. 17, their
equation 2]:

k =
∑xy− 1

N ∑x∑y√[
∑x2− 1

N (∑x)2
][

∑y2− 1
N (∑y)2

] (9)

Within our computational model the cross covariance between adjacent critical bands is as-
sessed to determine whether their modulations are in or out of phase. The more in-phase the
modulations are determines to what extent the specific FS can be summed up to obtain the
total FS. In this manner, the cross covariance between the channel i and the channels one
Bark below i−2 and above i+2 are computed. In other words, to obtain the factor ki−2, x and
y in Equation 9 have to be replaced by hBP,i−2 and hBP,i, respectively. Likewise, to obtain the
factor ki, x and y have to be replaced by hBP,i and hBP,i+2.

2.2 Stimuli

In order to fit and validate our model of FS a set of stimuli with known values were chosen.
Part of the set corresponded to artificial stimuli: AM tones, FM tones and AM BBN. The rest of
the test stimuli were chosen from everyday sounds. The reference sound to which an FS of 1
vacil is ascribed is an AM sine tone centred at fc = 1000 Hz, modulated at an f mod of 4 Hz and
level of 60 dB. A summary of the artificial stimuli used in the validation is shown in Table 1.
For these set of stimuli FS values obtained in perceptual experiments are available from the
literature [11]. Additionally, a set of everyday stimuli, particularly speech and music samples,
were chosen from the database of sounds used in [14]. That database consists of 70 sounds,
out of which 7 representative sound samples were chosen. The selection of the samples was

5



Type fixed parameters SPL [dB] variable parameters (FS)
AM tone fc = 1000 Hz 60 fmod={4.00} Hz

(reference) mindex=1 (1.00) vacil
AM tone fc = 1000 Hz 70 fmod= {1.00, 2.00, 4.00, 8.00, 16.00, 32.00} Hz

mindex=1 (0.39, 0.84, 1.25, 1.30, 0.36, 0.06) vacil
FM tone fc = 1500 Hz 70 fmod= {1.00, 2.00, 4.00, 8.00, 16.00, 32.00} Hz

f dev=±700 Hz (0.85, 1.17, 2.00, 0.70, 0.27, 0.02) vacil
AM BBN BW=16000 Hz 60 fmod= {1.00, 2.00, 4.00, 8.00, 16.00, 32.00} Hz

mindex=1 (1.12, 1.58, 1.80, 1.57, 0.48, 0.14) vacil

Table 1: Artificial stimuli used to validate our FS model. FS values from the literature [11] are
shown between brackets.

as follows: (a) three representative speech samples (one male voice, one female voice, babble
noise); (b) two music samples of soloist and ensemble playing, and (c) the sounds having
minimum and maximum FS. For that database, Schlittmeier et al. [14] used a commercial
software to obtain their FS values. The selected samples are summarised in Table 2.

Type Track Nr. / description SPL [dB] (Lmax) Reported FS [vacil]
Speech 1 / Narration, female voice 56.1 (67.2) 1.11
Speech 2 / Narration, male voice 60.0 (69.4) 1.21
Speech 23 / Eight-talker babble noise 63.6 (67.8) 0.38
Music 29 / Strings concert 62.1 0.21
Music 31 / Violin solo 58.2 0.56
Animal 34 / Ducks’ quacking 64.5 (73.4) 1.77
Noise* 61 / Broadband (pink) continuous noise 60.1 0.02

Table 2: Everyday sounds used to validate our FS model. An artificial noise (pink noise, Track
Nr. 61) was also included. The average sound pressure level (SPL) of each sound sample is
shown. For the changing-state speech samples and the ducks’ quaking samples the maximum
levels are also shown. The FS values were taken from [14] and they were computed using a
commercially available algorithm.

3 Results
3.1 Artificial stimuli

The artificial stimuli were used to fit the free parameters of the model: the constant CFS, the
bandpass filter H( fmod) and the exponents pm and pk. First, the reference sound, that has a
fluctuation strength of 1 vacil, was used to set the constant CFS. A value of CFS = 0.2490 was
found. Subsequently, the bandpass filter H( fmod) was fitted by using 1-kHz AM tones with fmod
from 1 to 32 Hz with the exponents pm = pk = 1.7 and pg = 1 (g(zi) was initially set to 1 for all
i values, i.e., no weighting is considered). As a result two cascade IIR filters (4th-order LPF
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Figure 2: Results obtained from the fluctuation strength model for: (left panel) AM tones; (mid-
dle panel) FM tones and (right panel) AM Broad-band noise.

and 2th-order HPF) producing a bandpass filter between 3.1 and 12 Hz were obtained. As
can be seen in Figure 2, so far the fitted model predicts qualitatively the fluctuation strength
for AM tones, FM tones and AM BBN, although the FS for the FM tones is overestimated
for modulation frequencies above 4 Hz. Finally, some fine adjustments were introduced by
reducing g(zi) gradually from 1 to 0.5, starting with the band centred at zi =15 Bark (2.7 kHz)
up to the band centred at zi = 23.5 Bark (13.2 kHz).

3.2 Everyday sounds

The FS values given by the model for the everyday sounds (and pink noise) of Table 2 are
shown in Figure 3. For the speech samples (Tracks 1 and 2) the median FS values were
higher than the reference values by 0.45 and 0.58 vacil. For the eight-talker babble noise
(Track 23), string concert (Track 29) and the pink noise (Track 61), the FS estimates seem to
be in line with the reference values. For the violin solo (Track 31) there is an underestimation
of the FS (difference of 0.25). The highest FS estimate was found for the duck’s quack (FS of
4.2 vacil). This value was omitted in Figure 3 since it is an “unreasonable” high estimate.

4 Discussion and conclusion
As shown in the previous section, for a number of cases our FS model showed a reasonable
agreement with FS estimates obtained either experimentally [4, 11] or by using commercially
available software [14]. Particularly, within the subset of artificial stimuli there is a close agree-
ment between our model and the experimental data for AM tones. Although the FS model
shows a larger discrepancy for FM tones (overestimation) for modulation frequencies above
fmod = 4 Hz, there is still a qualitative resemblance for the relation between FS and modu-
lation rate. The maximum value of FS given by the model is shifted towards fmod = 8 Hz.
Within the roughness model [see 9, their figure 9] a similar tendency was found, shifting the
maximum roughness estimate to fmod = 80 Hz (instead of fmod = 70 Hz). Within the subset of
everyday sounds, there is a good approximation between our FS values and the estimates re-
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Figure 3: Results obtained from the FS model using the everyday sounds detailed in Table 2.
The FS shown in squared markers correspond to median values along the sample duration.
The errorbars represent the minimum and maximum FS. An extremely high FS value (4.2 vacil)
was found for the track 34 (Duck’s quacking, not shown in the figure).

ported in the reference paper for the eight-talker babble noise, the string concert and the pink
noise samples. Although we found higher FS values for the male and female voices and the
duck’s quacking sounds and a lower value for the violin sample, it is important to point out that
the estimates presented in the reference paper were obtained from another FS algorithm and,
therefore, it is unclear whether those FS values have been validated experimentally. Such a ex-
perimental validation for other sounds than those used in the original experimental work [4, 11]
would be needed in order to evaluate the concept of FS and the various existing algorithms to
compute it.
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