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ABSTRACT

Among the various sound sources present in open offices,
intelligible speech is the one that has the greatest impact on
the occupants of these spaces. Indeed, many field or labo-
ratory studies have shown the effect of intelligible speech
on annoyance or fatigue [1, 2]. For several years, INRS
has been working on an indicator to evaluate the emer-
gence of speech in noise, the M., [3]. This indicator,
calculated as the difference between the equivalent level
of ambient noise and the level exceeded 90% of the time
(Leg — Lgo), has already shown convincing results in the
evaluation of the effect of speech during laboratory exper-
iments [4]. However, due — in part — to the simplicity of
its definition, the link between this metric and sound per-
ception in real conditions is still too weak. In this study,
a parametric analysis (measurement time resolution, fre-
quency weighting, background noise type effect) was con-
ducted and compares the M., with various speech modu-
lation indicators used to assess the acoustic quality of open
offices (STI, Fluctuation strength, etc.).

1. INTRODUCTION

All studies agree that noise is one of the first, if not the
first, factor of disturbance reported for people occupying
open-plan offices. Noise is significantly correlated with
absenteeism [5], work satisfaction, well-being, and a lack
of privacy [6].

In open-plan offices, most of the noise is related to con-
versation, with the main disturbance reported by occupants
being related to intelligible conversations [1]. The rela-
tionship between the perceived disturbance, or the cogni-
tive overload linked to noise levels, has been actively stud-
ied by psychologists since the 1990’s through laboratory-
based experiments. The side effects of noise, named ISE
(Irrelevant Sound Effect), are complex. For example, they
depend on the type of noise and the task that workers are
undertaking. Depending on the characteristics of the noise
and the task, a cognitive overload can occur, leading to re-
duced performance.

In laboratory conditions, ISE can be measured with sub-
jects by asking them to perform tasks requiring a cognitive
effort in different sound conditions. The different condi-
tions are characterized by physical or psychophysical in-
dicators, often linked to the intelligibility of words in the
background noise.
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To asses the ISE, different indicators exist. The speech
transmission index (STI), developed by Steeneken and
Houtgast [7] is a commonly used indicator. Based on stud-
ies showing the link between intelligibility, Hongisto et
al. proposed an empirical model of the decrease in per-
formance (DP) [8], which could be used as a descriptor
for the ISE, as a function of the STI. But, a first disadvan-
tage of the STI is that it has been standardised for station-
ary background noises [9]. However, in real conditions in
open-plan offices, ambient noise is generally composed of
a mixture of more or less intelligible noises due to con-
versations. The acoustic level of the overall noise varies
over time. So, the STI cannot be applied in these condi-
tions because the ambient noise is not stationary. Another
disadvantage is that STI was developed for a single voice
source. Yet, in an open-plan office, there is often a mix-
ture of many voices and other sound sources. In fact, STI
can only be useful to assess the speech transmission qual-
ity from one to another point of open-plan office space and
then only give information about the acoustic quality of
it [9].

A better way to assess the fluctuations of ambiant noise
is to use the fluctuation strength. Fluctuation strength is
a psychoacoustic indicator attempting to describe the per-
ceived modulation of the sound-intensity of a signal around
a frequency of 4 Hz. This indicator was initially devel-
oped by Zwicker and Fastl [10] and was further developed
by Aures [11] then Daniel and Weber [12]. A study by
Schlittmeier et al. [13] showed that the fluctuation strength
is a relevant descriptor of the ISE. However, according to
Liebl et al. [14] correlation between background noise and
ISE is less clear. Moreover, it should be noted that the fluc-
tuation strength presents the disadvantage of varying with
the level of noise of the signal: the higher this level, the
greater the fluctuation strength. So the choice of fluctua-
tion strength as an index to assess the ISE is not obvious.

A simpler method than fluctuation strength to describe
the speech modulation was recently developed by Chevret
et al. [3]. This indicator, named M., for equivalent mod-
ulation index (see section 2) is defined in section 2, has
already shown convincing results in the evaluation of the
effect of speech during laboratory experiments [4]. How-
ever, due — in part — to the simplicity of its definition,
the link between this metric and sound perception in real
conditions is still too weak.

The aim of this paper is to deeper investigate the equiv-
alent modulation index by analyzing the effect of time and
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frequency weightings. The values of the parametric study
are chosen in accordance with the frequency rate of the
modulation transfer function and with the weighting fac-
tors used for the calculation of the STI. The underlying
idea is to get a simpler indicator than STI and easier to
measure in real conditions.

2. EQUIVALENT MODULATION (SHORT MEgq)

The equivalent modulation index is based on calculation of
the continuous equivalent noise level, L., [15]. By choos-
ing the duration of the integration, the events or phenom-
ena to be identified from this signal can be determined.
From the L., the equivalent modulation index M., is cal-
culated as the difference between the short equivalent level
of ambient noise calculated every AT ms (time weighting)
and the 90th percentile level. As the equivalent modulation
index is based on the short equivalent level, it is possible
to add a frequency weighting to the calculation of the indi-
cator, such as an A-weighting.

So far, the various studies carried out on the equiva-
lent modulation index [2, 3] have been carried out with a
frequency A-weighting and a fast time weighting (AT =
125ms). Thus, a time resolution of 125 ms can reveal
events with a frequency of appearance of less than 4 Hz
which is characteristic of the syllabic rate in speech. These
two parameters are generally easy to use given their imple-
mentation in sound level meters.

Equation 1 present the calculation of the M., with an
A-weighting and a fast time weighting (125 ms). L 4, is
measured over a representative period (from a few minutes
to several hours) and taking into account only in the 7 fre-
quency octave bands from 125 Hz to 8 kHz.

MAeq,lQSms = LAeq — LA90,125ms dB(A)
7
with Lpeq = IOIOg(Z 1OLAEq,k/1o) (1)
k=1

3. OVERVIEW OF THE M 4 g IN FIELD

To have a global view of the equivalent modulation index,
the M 4cq, as defined in equation 1, was measured in 20
open spaces (in different areas of the open space) during a
long time (more than 1 hour). Figure 1 shows an histogram
of these measurements.

As it can be seen on the figure 1, M4., values are
mainly located around 12 dB(A) and between 4 and 6
dB(A). In this situation, the higher the M 4.4, the more
intelligible it reflects. For example, when the M 4.4 is 12
dB(A), the noise environment is likely to be more annoying
than when it is 5 dB(A). However, it is not possible at this
stage to establish a target value of M 4., to be achieved in
order to determine whether a noise environment is annoy-
ing.

Histogram of in situ Maeg, 125ms

01234567 8 9101112131415161718192021222324
MAeq,lZSms

Figure 1. Histogram of in situ M acq,125ms-

4. THE SPEECH TRANSMISSION INDEX

According to the IEC 60268-16 [9] the calculation of STI
allows to define several target values like 0.2: Privacy dis-
tance; 0.4: Beginning of the increasing slope of the sig-
moid curve of Hongisto’s model [8]; 0.5: Distraction dis-
tance 0.6: Beginning of the plateau of the sigmoid curve
[8]; 0.7: High intelligibility. Based on those results, the
question that may arise is: how much is the M., for these
different STI values?

Octave spectrum

L, (dB)

bbbt

voice signal
stationary noise masker
5 voices masker

3 voices masker

1 voice masker

real sound masker

108
f (Hz)

2188

Figure 2. Octave spectrum.

To look at the evolution of the M 4.4 with the STI, sev-
eral signals have been synthesized. These signals, lasting
16 seconds, correspond to a target signal (1 male voice)
and 4 masking signals: a stationary noise, a mix of 5
voices, a mix of 3 voices and 1 single voice (male). All
these signals have been normalized to a LTASS spectrum.
In addition, a 5th masking signal was created from a real
office recording (see section 6.1). The octave band spec-
trum (125H z — 8k H z) of the different signals is shown in
Figure 2. On this figure, it can be seen that the real office
signal is not LTASS-equalized.

Then, the voice signal (target) was superimposed to
each masking signal and the signal-to-noise ratio have been
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varied from -15 dB to + 15 dB by increasing the target sig-
nal level. Figure 3 shows the evolution of M ¢4, 125ms as
a function of STI for each masking sound. On this figure
is also plotted typical M gcq,125ms Values measured in the
field (6 and 12 dB(A)) and different STT target values (0.2,
0.4, 0.5, 0.6 and 0.7). As it can be seen, depending on the
situation a M g¢q,125m value is equal to several STI values
and vice versa.

17 4 —— stationary noise masker
16 4+ —— 5 voices masker
151 —— 3 voices masker

144 1 voice masker
real sound masker

MAeq, 125ms (dB(A))

00 01 02 03 04 05 06 07 08 09 10
STI

Since the target signal and the first 4 masking sounds
considered (noise, 5 voices, 3 voices and 1 voice) are nor-
malized with the same spectrum, there is no difference be-
tween the A-weighting and those proposed by Steeneken et
al. as it could be expected. For the “real masking sound”,
the difference of M., between the two weightings remains
very small (maxz(AM,.,) ~ 0.9dB) as it can be seen on
Figure 4, although the spectrum of the mask is different
from the spectrum of the target signal.

6. TIME WEIGHTING EFFECT

Second parameter studied was the time weighting of L 4.
Indeed, a faster acquisition rate allows to highlight more
events as can be seen on figure 5 which shows an example
of the L 4.4 along time for a signal composed of a target
signal and a masking stationary noise (signal-to-noise ratio
=0 dB), calculated with 125 ms time weighting and 40 ms
time weighting.

Figure 3. M 4c4,125ms for each masking sound as a func-
tion of STIL.

5. FREQUENCY WEIGHTING EFFECT

So far, the frequency weighting for the calculation of the
equivalent modulation index has been an A-weighting.
However, in the calculation of the STI given by the IEC
60268-16 standard [9], the frequency weighting is that
proposed by Steeneken et al. [16-18]. These frequency
weighting factors have been determined with the objective
to a better prediction of the speech intelligibility. In this
study, the M., with the Steeneken octave-band weighting
factors was calculated for the 5 target signal + masking
sound compositions by varying the signal-to-noise ratio
from -15 to +15 dB and with a time weighting of 125 ms.
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Figure 4. Frequency weighted M., 1255 as a function of
STI for real sound masker.
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Figure 5. L 4., evolution for a composition of target signal
and stationary masker at the same A-level.

6.1 Recordings in real situations

To study the effect of time weighting, the M 4., was cal-
culated from 257 audio recordings from open-plan offices
(recording duration varies from 10s to 3min, the majority
of the signals having a duration of 30s). The M 4., was
calculated with the following time weighting: 20 ms, 40
ms, 80 ms, 125 ms and 1 s. Table 1 and figure 6 show a
description and a boxplot of the M 4., data from the 257
real situations.

time weighting (ms) [ 20 [ 40 [ 80 [ 125 [ 1000

mean 123 | 11.9 | 11.5 | 11.0 7.9
std 4.2 4.2 4.2 4.1 3.6
min 4.3 4.2 3.9 3.5 1.4
max 242 | 239 | 239 | 234 | 21.1

Table 1. Description of M 4., in 257 open spaces.

While the mean values of M 4., do not appear to vary
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Figure 6. Boxplot of 257 in situ offices M 4.

much with the time weighting, a repeated measures anal-
yses of variance (RM-ANOVA) with time weighting (5)
as within-subjects factor shows that there is a statistical
difference between the values of My, (F(1.2,297.1) =
1168.9***, MSE = 2.33, p < .0001, 77% = 0.82). Post-
hoc analysis shows that M 4., mean values are statistically
different whatever the time weighting (see Table 2).

time weighting (ms) 20 40 80 125 1000

20 _ skeksk skeksk skeksk skeksk

40 sk - skeksk skeksk sk

80 skeksk skeksk _ skeksk skeksk

125 skksk sk skeksk - sk

]OOO sksksk skeksk skeksk skoksk -
FHE < 0.001

Table 2. Bonferroni corrected probability values for the
difference in M 4, between the five time resolution condi-
tions.

6.2 Virtual situations in laboratory

To confirm the effect of time weighting on M 4.4, an anal-
ysis was conducted with synthesized signals. The proce-
dure used was the same as the one presented previously
(see section 4), i.e. superimposing a target signal (1 voice)
and a masking sound by varying the signal-to-noise ratio.
Then the M 4., level of mixtures was calculated with the
following time weighting: 20 ms, 40 ms, 80 ms, 125 ms
and 1 s.

Figure 7 shows the M 4.4,20/40/125ms a8 @ function of
the STI for 1 voice masker and real sound masker. Looking
at the figure 7, as expected the temporal resolution has an
effect mainly on the highest values of M 4.4. Therefore,
increasing the temporal resolution increases the dynamic
scale of M 4., and consequently could be beneficial to a
M 4eq evaluation based method. 20 ms is close to 40 ms
which could finally be a good compromise because it cor-
responds to a sampling frequency of 25 Hz which is twice
the maximum frequency range of the STI’s transfer func-
tion modulation [7,9].

real sound masker

17
~16
15
S’ 14
[
S
g 11
10
89
S8
g 7

s ¢ Maeq. 125ms

‘3‘ Mpeq, a0ms

2 Maeq, 20ms
1
0

0.0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1.0
STI
" 1 voice masker

%g Maeq, 125ms

}? Maeq, 20ms

16 Maeq, 20ms

Maeq, 125ms (dB(A))

Figure 7. M ¢ 20/40/125ms as a function of STI for 1
voice and real sound maskers.

7. COMPARISON WITH A NEW GERMAN
INDICATOR

Recently, Renz et al. have proposed a very similar indi-
cator to M 4.4 to assess the sound annoyance in open-plan
office [19]. This indicator is calculated as the difference
between the 10th and 90th percentile levels measured with
a fast time weighting (125 IIlS) . LA10,125ms — LA9()A,125ms-
The main goal of this indicator is to assess the sound an-
noyance in open-plan office in more objective way than
with the rating level L, defined in the German standard
DIN 45545-2 [20].

stationary noise masker

194 = Maeg,125ms
17 La10,125ms = Lago, 125ms

dB(A)

0.0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1.0
STl

real sound masker

191 = Maeg,125ms
17 Lao,125ms = Lago, 125ms

dB(A)

ooHNwaNaN®O

0.6 0.7 0.8 0.9 1.0

2190

Figure 8. M 4cq,125ms and Renz et al. indicator as a func-
tion of STI for stationary noise and real sound maskers.
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Indeed, the rating level is based on A-weighted equiv-
alent continuous to which penalties are added (penalty for
impulsiveness KI (pulse adjustment), and penalty for tonal-
ity and informational constituents KT (surcharge of tonal-
ity and information incorporation)). But theses penalties
are depending on the subjective assessment.

Figure 8 shows M 4cq,125ms and the indicator of Renz
et al. as a function of the STI for two synthesized signals
(target signal + stationary noise and real sound maskers).
As it can be seen, the evolution of M 4eq 125ms and Renz
et al. indicator with the STI is very similar. The only dif-
ference is the absolute value of the indicator, higher for the
German one. This difference is due to the presence of L 41¢
which reflects uncommon events in the office that are not
necessarily related to speech. The similarity of these two
indicators is confirmed with regard to figure 9 on which is
plotted the values of the Renz et al. indicator as a function
of the M g¢q,125m for different signal-to-noise ratios and
for the stationary noise and real sound maskers.

stationary noise masker
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e real sound masker
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Figure 9. Rentz et al. indicator as a function of

MAeq,125m5~

In Rentz et al. paper [19], authors show that the sug-
gested metric L A10,125ms — L 490,125ms correlates signif-
icantly with both working memory performance and per-
ceived annoyance. Given the very strong correlation be-
tween this metric and the M 4., (see Figure 9), it is rea-
sonable to assume that the M 4.4 should also correlate well
with performance and annoyance as measured in the labo-
ratory.

8. DISCUSSION

The aim of this paper was to study the effect of two pa-
rameters (frequency weighting and time weighting) on the
modulation index M¢q (Leq — Lgo) in order to see whether
a calculation method closer to the one used for the STI
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would allow predicting intelligibility as well as the lat-
ter without compromising the simplicity of calculation and
measurement.

While the frequency weighting (other than the A-
weighting usually used) does not significantly change the
M., values, the time weighting has a non-negligible effect.
Indeed, the M., is sensitive to time weighting. The shorter
the time constant , the higher the M., (up to 5 dB(A) dif-
ference between a time weighting of 40 ms and 125 ms de-
pending on the sound condition). A more advanced study
on the link between M., and performance / annoyance /
fatigue is necessary to validate the optimal time weighting.

In field, the advantage of a speech modulation indica-
tor such as the M., for measuring ISE is undeniable as the
measurement of this indicator is simple to implement in an
occupied environment (compared to a STI measurement,
as example). In Germany, Rentz et al. [19] suggest using
an indicator very similar to the M., to measure acoustic
conditions in occupied offices. This indicator, calculated as
the difference between 10th and 90th percentile levels cor-
relates well with performance and annoyance, and a model
has already been established [21].

In the future, it will be interesting to continue investi-
gations on this kind of indicator with the aim of defining
limit values related to annoyance.
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