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Abstract. A preliminary study was carried out with broadband noises and a few subjects. The result
was that fluctuation strength models for sounds with the same modulation frequency, as those
available in the literature, are not extensible for combined signals modulated with different
modulation frequencies.
An exploratory study of fluctuation strength of combined fluctuating tone signals with different
modulation frequencies was conducted by magnitude estimation experiments. For that purpose a
graphical and interactive software interface was developed. The interface manages the test sounds and
10 anchor sounds that the user can listen until he or she is convinced of the magnitude estimation. A
computational procedure was implemented to choose the modulation index of the anchor sounds that
exhibits equally spaced fluctuation strength. Although no correlation was found, some possiblerelated objective-parameters are described. Computational models for accounting those possiblerelated objective-parameters are implemented.
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INTRODUCTION

Fluctuation Strength (FS) is the psychoacoustic parameter that describes how strongly or
weakly sounds fluctuate. This parameter is sometimes called subjective or, more accurately,
perceptual. There are models for frequency- or amplitude-modulated (FM or AM) sinusoidal
tones, as for amplitude-modulated broadband noises. These models depend on the loudness of
sound, particularly on the frequency and depth of the loudness fluctuation. Literature models
assume that the modulating frequency is the same for all sound sources present in the signal.
When multiple sources are present in a single sound field, differences of modulation
patterns among sources may aid segregation of the auditory images that represent the
individual sources. These considerations apply to both AM and FM (Sheft 2008).
Experimental data from the literature support that human neural mechanisms extract AM
information. When this segregation is possible FS could be, to some extent, separated too. But
there are other cases when it is not possible, because of the individual perception differences,
because the carrier frequency bands are very similar or just because the same source produces
sound as combination of modulations (Moore et al., 2002).
In this paper the research focus on non-separated FS of mixed AM sounds with different
modulation frequencies as a complement of a routine for the controlled combination of sounds
to be used in experiments in noise perception (see Accolti et al., 2008).
2

MODELS

For single noises and tones, FS sensation has been proven to be proportional to the
temporal masking depth (ΔL), e.g. the difference between the maximum and minimum level
of the masking pattern. The masking pattern is defined as the necessary sound pressure level
of a frequency-independent test tone to be just audible in the presence of a masking tone. For
broadband noises ΔL is largely independent of frequency because the nonlinearity of the upper
slope in masking patterns overlaps with the adjacent frequency bands but for AM tones some
frequency dependence occurs. Furthermore maximum and minimum masking patterns are
those after postmasking occurs. Postmasking can be defined as the temporal-dependent sound
pressure level of a very short burst tone that occurs after a masking tone or noise ends
necessary to be just audible. So, before computing the minimum and maximum masking
levels, a two dimensional (time and frequency) response must be estimated. This response is
computed in terms of the loudness (Chalupper et al., 2002) that could be seen as a nonlinear
serial block with masking pattern. Experimental data show that FS shows a band-pass
characteristic as a function of modulation frequency, with a maximum around 4 Hz (Zwicker
et al., 2007). Zwicker proposed equation (1) for pure tones
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where fmod is the modulation frequency of an AM or FM tone.
A block diagram of the algorithm for FS calculation is outlined in Figure 1 (Chalupper
2000). The input data is the time signal relative to the sound pressure filtered to account for
free field to the inner ear transmission. For broadband noises, in line to simplify the model,
this input data can be supplied in 24 frequency bands corresponding to the critical bands
related to the basilar membrane (Zwicker et al., 2007).
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Figure 1: Fluctuation Strength calculation blocks diagram

2.1 Fluctuation Strength algorithm for simple sources
The envelope extraction is done by a first order low pass filter with time constant τ = 4 ms
applied to the squared signal followed by an 88 factor downsampling step. The antialiasing
filtering involved in the downsampling process removes any remaining high frequency ripple,
while retaining the relevant features of the envelope. Note that for broadband noises the
envelope extraction is a 24-channel parallel operator. The modulation frequency (fmod) is
calculated as the reciprocal of the time period of two adjacent maximum.
The nonlinear loudness transformation is calculated by equation (2) in accordance with
Zwicker et al., 2007.
 ETQ z  

N z   N ' 0 

 sz E0 z  
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1  sz   sz  Es z  
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(2)

where N’(z) is the critical-band rate (z) dependent specific loudness and N'0 is the reference
specific loudness. The hearing threshold (ETQ), the excitation (E) and the reference excitation
(E0) are single values for sinusoids and are frequency (or critical-band rate) dependent for
broadband or multiple sinusoidal tone noises. And the ratio (s) between the sound intensity of
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a just-audible test tone and the sound intensity of the internal noise appearing within the
critical band at the test tone’s frequency is a frequency dependent value either for single tones
or broadband noises.
The main loudness function is available after the loudness transformation block. The
temporal masking block accounts for postmasking only because premasking time is similar to
the response time of the filter used in the envelope extraction block. The postmasking is
modeled as a nonlinear filter as proposed by Chalupper et al., 2002 in accordance with
Zwicker 1984 results.
The masking pattern is achieved with the frequency masking block model by Zwicker et
al., 2007, using the reported tuning curves (see Figure 2)

Figure 2: Masking patterns for test pure-tones masked by pure tones. The parameter is the masker level.

The output of this block is the specific loudness time pattern, a time and frequency dependent,
two dimensional, matrix for broadband noise as for single or multiple pure tones. Figure 3
shows an example of a two-tone complex.

Figure 3: Specific loudness for two pure tones of 63 and 65 dB sound pressure level, 10 and 11 bark respectively
and both sine-modulated at 4 Hz with 40 dB modulation depth.
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A spectral perceptive summation is done by keeping the maximum values for each z from
each z channel, achieving time-dependent loudness shown in Figure 4.

Figure 4: Loudness for two pure tones of Figure 3.

The instants for which the maximum and minimum loudness occur are used as candidates
for which the maximum and minimum masking levels also occur. First the frequencydependent specific loudness at such instants is sliced out from the matrix depicted in Figure 3.
Then the inverse loudness transformation block calculates the inverse of equation (2) to get
the maximum and minimum masking levels depicted in Figure 5.

Figure 5: Maximum (blue) and minimum (black) masking levels for pure tones of Figure 3. The masking depth
ΔL(z) is the distance between these two curves.

Finally the last block implements equation (1), where the inputs are the spectral integration
of masking depth, achieved in the spectral integration block, and the modulation frequency.
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2.2 Fluctuation Strength of mixed sources
Although a complete model is not yet available, results demonstrate some facts that can be
useful for further studies as for a better understanding the phenomena.
A mixed signal of two (or more) AM signals with different modulation frequencies (fmod,i; i
= 1,2) exhibits a compound modulation frequency (fmodc). Throughout time fmodc varies around
the greatest of fmod,i. The distribution of fmodc (in a logarithmic transformation) is illustrated in
Figure 6 for two AM sine signals with modulation frequencies fmod,1 = 4 Hz and as function of
fmod,2, respectively. Note that when fmod,2 ≈ 4 Hz = fmod,1, fmodc is approached by a constant
value (the same for fmod,2 ≈ 2 Hz). For fmod,2 < fmod,1. fmodc varies around fmod,1, and for higher
values of fmod,2, fmodc varies around fmod,2. This fact adds a confusion variable for the
experimentation since it has been demonstrated that the time variance of psychoacoustical
parameters such as loudness [Kuwano et al., 2003], roughness and FS [Hastings et al., 2001]
tends to show a different global value than the average value of the instantaneous ones. The
variance of fmodc is calculated to take into account that inherent variable (see Figure 7).
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Figure 6: Distribution of compound modulation frequency for a 20 seconds sample of two AM sine tones with
fmod,1 = 4 Hz as function of fmod,2.

Figure 7 shows the standard deviation relative to the compound modulation frequency of
2033 samples of two AM sine tones, the modulation frequency of the first tone was set at 4 Hz
and the second one at 2033 values linearly spaced from 0,25 Hz to 32 Hz corresponding to
each of the 2033 samples.
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Figure 7: Standard deviation relative to compound modulation frequency for a 20 s sample of two AM sine tones
with fmod,1 = 4 Hz as function of fmod,2.

3

SETUP

The setup used in the experiment is described in this section. Every signal was presented
using the virtual auralization setup described above. The broadband experiment was
conducted without any graphical interface and all the other experiments were carried out using
the experiment platform described above
3.1 Virtual auralization
The auralization was done using an external soundcard (M-Audio Mobile Pre) in series
with a self designed impedance adaptor loaded with extended range (up to 16 kHz)
audiometric earphones (Sennheiser HDA 200).
A practical procedure was implemented to compensate the effects of the soundcard
response as well as the pressure- to free- field and the voltage- to pressure- field effects. This
procedure will be described in Accolti et al., 2009.
3.2 Experiment platform for a magnitude estimation test
A computational platform was developed for a magnitude estimation test (see Figure 8).
The buttons Ref1 to Ref 10 play sounds with known and equidistant FS as anchor. The button
Play Test plays the sound to be tested. The subject has to introduce his estimation in the text
box and press Next button to pass to the next test sound, listening at the tested sound at less
one time and the every anchor wanted at any times wanted. The test sounds appear in random
order for each subject.
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Figure 8: Test Platform.

This platform is also used for training purposes using just the anchors buttons.
3.3 Reference sounds (anchors)
Before describing the anchor, the fluctuation strength model was implemented for a set of 1
kHz sine tones amplitude modulated at 4 Hz with modulation index (m) from 0,1 to 1 in 0,01
steps getting an FS vs. m plot. A 10-element FS vector from the minimum to the maximum
value of FS was generated and the modulation index m was estimated using a spline
interpolation of the inverse of FS. The inverse of FS (m) is illustrated in Figure 9 (Note that
FS values have been chosen equidistant).
Modulation index of equaly spaced FS for a AM 1kHz sine-tone of Lp=80 dB
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Figure 9: Modulation index for anchors.

Finally the anchors are generated using these values of m for AM sine tones keeping the
other parameters equal to those used before, i.e., f = 1 kHz and fmod = 4 Hz.
4

EXPERIMENTATION

4.1 Broadband noise signals at different modulation frequencies
Some preliminary perception tests were conducted to find out the influence on FS when
noises with different fluctuation patterns are mixed.
A test for the comparison of stimulus in pairs has been conducted with three subjects using
three sounds. The subjects are frequently involved in psychoacoustical tests so they can be
considered trained subjects. All three sounds were generated in mathematical software:
Copyright © 2009 Asociación Argentina de Mecánica Computacional http://www.amcaonline.org.ar

17

Mecánica Computacional Vol XXVIII, págs. 9-22 (2009)

a) White noise of sound pressure level Lp = 60 dB modulated by a 5 Hz sine wave with
40 dB modulation depth
b) White noise of Lp = 60 dB modulated by a 6 Hz sine with 40 dB modulation depth
c) The mix of sounds a and b
The sounds were presented in pairs. Both possible sequential orders were used for each
pair. Between the six pairs of sounds a 5 s silence was used to separate them. Between each
pair there was a 2 s silence. The subjects were asked to select the most strongly fluctuating
sound of each pair.
4.2 Pure tone signals at different modulation frequencies
Training
A preliminary test with 10 subjects was conducted, concluding that the results were
strongly variable from one subject to another. The reason of that variability may be that the
very meaning of FS was not clear for subjects. Particularly, the well known problem that FS is
frequently confused with roughness [Zwicker et al., 2007] was confirmed by spontaneous
information provided by some of the subjects. To prevent it, a second experiment was
conducted but after a training procedure.
The procedure is similar to the experiment itself but the FS value for each test is shown
after the subject reports his judgment for that test. The test sounds are AM broadband noises
with known FS.
The training procedure ends when subjects consider that FS concept is clear.
Test sounds
In order to better understand the behavior of FS for signals with mixed modulated signals,
a magnitude estimation test was conducted using the experiment platform for the combination
of two pure tones modulated at different modulation frequencies as the test signals.
The first tone was set at a carrier frequency of f1 = 1456 Hz (11 bark), a sound pressure
level Lp1 = 70 dB, a modulation frequency fmod,1 = 4 Hz and a modulation index m1 = 0,98 (40
dB modulation depth).
The other tone was first set at a carrier frequency of f2 = 1666 Hz (11,9 bark), and a
modulation index m2 = 0,98 (40 dB modulation depth). The sound pressure level (Lp2 = 70,6
dB) was chosen to be on the same equal loudness level contour than the first tone. For that
purpose the loudness level that corresponds to Lp1 and f1 was first computed as in Espinoza et
al., 2006. Then the value of Lp2 was derived by spline interpolation from the loudness level
data generated using the ISO226 method. The modulation frequency fmod,2 was varied
exponentially to get the 12 test signals shown in Table 1.
0,25

0,39

0,60

0,9

1,5

2,3

3,5

5,5

8,5

13,2

21

32

Table 1: Modulation frequency for the second combining tone (Hz)

The frequency difference between signal carriers (210 Hz) has been selected to be greater
than the modulation frequencies reported to cause high roughness sensation [Zwicker et al.,
2007] in order to avoid that sensation by avoiding the intrinsic modulation arising from the
beating of two simultaneous tones at different frequencies.
A second set of 12 test signals was generated using the same parameters as in the first case
but with f2 = 4554 Hz (18 bark) and Lp2 = 67,4 dB.
The spectral integration of the difference in the masking pattern (∫ΔL(z)dz) of the test
signals has been estimated following the algorithm described in Figure 1, up to the spectral
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summation block. Figure 10 and Figure 11 show ∫ΔL(z)dz for first and second set of signals,
respectively.
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Figure 10: Spectral integration of the difference in the masking pattern of two AM sine tones with fmod,1 = 4 Hz as
function of fmod,2. (carriers in the same critical band).
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Figure 11: Spectral integration of the difference in the masking pattern of two AM sine tones with fmod,1 = 4 Hz as
function of fmod,2. (carriers in different critical bands).

The standard deviation relative to the compound modulation frequency for each test signal
is calculated as in procedure yielding to Figure 7.
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5

RESULTS

5.1 Broadband signals at different modulation frequencies
Sound c was reported as the most fluctuating one, then b and finally a, which was never
chosen as the most strongly fluctuating one.
The FS of sound a and b was computed numerically by the models given in 2.1, as
expected it is in accordance with the empirical data exposed in the literature. Even though
these models have not been developed for different modulation frequencies, an attempt was
made to use them to approximate the FS of the sound c. From these procedure the estimation
of the most fluctuating sound is b, the next is a and finally c, in contradiction with
aforementioned experimental results.
5.2 Combination of 2 pure tone signals at different modulation frequencies
The training procedure results are illustrated in Figure 12 in terms of the relative error for
each subject (subjects are coded as AS, FE, JN, EX and EO) as function of the sequential
order of the test. The absolute maximum error is assigned a score of 100. Although the error
tends to decrease as the number of training tests grows, the final error values are still large
with a few exceptions. The standard deviation of the error percentage for each subject is
reported in Table 2.
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Figure 12: Results of training procedure in sequential order. (Each subject decided to end the training procedure
when the FS concept was clear.)

Subject
Standard Deviation of error (%)

AS
40

FE
22

JN
44

EX
39

EO
17

Table 2: Standard Deviation of error in the training procedure for each subject.
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Results of the experiment using the first set of 12 signals (both carriers in the same critical
band) are shown in a box and whiskers plot (see Figure 13). Boxes represent the interquartile
range, red lines the medians (50th percentile), black circles the average, whiskers the extreme
values reported within 1,5 times the interquartile range and red plus signs the outliers, i.e.
values exceeding the extreme values.
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Figure 13: FS of two AM tones with carriers in the same critical band.

Results using the second set of 12 signals (each carrier in a different critical band) are
shown in a box and whiskers plot (see Figure 14)

2
1.8

Fluctuation Strength (vacil)

1.6
1.4
1.2
1
0.8
0.6
0.4
0.2
0.25 0.39

0.6 0.94

1.5

2.3

3.5

5.5

8.5

13

21

32

2nd tone modulation frequency (Hz)

Figure 14: FS of two AM tones with carriers in different critical bands.
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For both sets of test signals, the residuals are independent, normally distributed and
homocedastic.
In an exploratory study, the correlation of both set of results (p = 0,10) with ∫ΔL(z)dz, fmodc
and fmod,2 has been studied. The same correlation analysis was carried out for the subjects
treating them as blocks.
Although the data is not correlated even with fmod,2 or fmodc, an attempt was made to fit
them to a polynomial curve. The best fits occurs with constant models for the first set of data
and with quadratic models for the second set of data but are not reported because the R2
statistics was poor (as expected since the correlation is not statistically significant).
6

CONCLUSIONS

Algorithms and procedures for magnitude estimation experiments as well as for training
subjects for the proper identification of psychoacoustic parameters have been developed.
Furthermore some analysis procedures and algorithms were proposed.
The fluctuation strength of combined sound sources was studied concluding that the
estimation models must be extended to take into account this parameter, particularly when the
modulation frequency is different for each of the sources.
Some interesting characteristics of AM tone signals with different modulation frequencies
were studied, particularly the distribution of the compound modulation frequency and the
spectral integration of the global masking pattern difference (as a function of time). Although
the experimental data does not show yet significant correlation with those characteristics, it is
conjectured that the FS is related to them. The lack of correlation observed is attributed to the
spread of the experimental data which, in turn, may be due to an insufficient training.
New research directions point to extend the training procedure for more than a single
session in order to avoid fatigue-related effects. Besides, a parallel study of the influence of
the instantaneous FS on the global FS should be conducted.

NOTE: This work is part of a research project PICT Nº 38109 financed by the Agencia
Nacional de Promoción Científica y Tecnológica (ANPCyT)
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