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Rada České akustické společnosti svolává ve smyslu stanov

VALNOU HROMADU,

která se bude konat ve čtvrtek 22. ledna 2015 na Fakultě elektrotechnické ČVUT, Technická 2, Praha 6 – Dejvice.

Rámcový program:
13.00–13.45 Jednání v odborných skupinách. Rozpis místností pro jednání v odborných skupinách bude vyvěšen
ve vstupním prostoru fakulty a na dveřích sekretariátu, místnost č. T2:B2-47.
13.45–14.15 Prezentace.
14.15–16.00 Plenární zasedání, místnost č. T2:C2-82.

Člen společnosti, který se nebude moci Valné hromady osobně zúčastnit, pověří jiného člena, aby jej zastupoval.
Formulář zvláštní plné moci a oficiální pozvánka jsou součástí tohoto čísla Akustických listů. Současně jsou tyto
dokumenty vystaveny na webové stránce ČsAS http://www.czakustika.cz.

Důležité upozornění: Tato zvláštní plná moc musí být předaná před začátkem Schůze osobně, nebo poštou. Není
možné akceptovat elektronickou verzi, a to ani oskenovanou kopii. Podpis však nemusí být ověřený.
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New Simplified Method for Estimating the Flanking
Airborne and Impact Sound Transmission between Rooms

in Residential Buildings
Nový zjednodušený způsob odhadu bočního přenosu zvuku a kročejového

zvuku mezi místnostmi v obytných budovách

Jiří Nováček

CTU – FCE, Thákurova 7, 166 29 Praha 6
CTU – UCEEB, Třinecká 1024, 273 43 Buštěhrad

The introduction to new simplified method for estimating the apparent weighted sound reduction index and
weighted normalized impact sound pressure level in residential buildings is done in this paper. This new method
is based on prediction calculation models described in ČSN EN 12354 parts 1 and 2. Compared to these models the
new method is significantly easier to use in daily practice without professional software. Corrections to flanking
sound and impact sound transmission are determined from simple formula using partial theoretical corrections for
various types of junctions between building elements. The early experience indicates that the new method gives
similar results to those from standardized ČSN EN models and more general than empirical corrections described
in ČSN 73 0532.

1. Introduction

Several methods were derived for the prediction of flanking
sound transmission between rooms in past decades. Some
of them are simplified models based on the use of single-
number quantities or empirical corrections for flanking
paths (e.g. Vrána, J. [6], Homb et al. [8], DIN 4109 [10]).
Other methods like ČSN EN 12354 models allow detailed
estimations of sound insulation quantities in frequency
bands. These models are based on Gerretsen’s work [7]
from 70’s and 80’s and are suitable pro heavyweight build-
ings constructions. In the last years, there is a big effort to
improve and validate them also for lightweight structures.
For example, a complete theory for sound transmission has
been described by J. H. Rindel [9].
Within the design stage of a construction process, the

technical standard ČSN 73 0532 [1] recommends to use
measured or calculated laboratory values of weighted
sound reduction index Rw, corrected to in-situ quantity
R′
w according to following formula

R′
w = Rw − k1 , (1)

where k1 is the correction factor for flanking sound trans-
mission. Basic value of k1 = 2 dB is valid for partitions in
buildings with massive walls and slabs. In buildings with
columns this correction factor is higher, k1 = 2 to 5 dB (for
heavyweight partitions) or k2 = 4 to 8 dB (for lightweight
partitions). In some cases (e.g. buildings with difficult floor
plans) it is recommended to determine this correction fac-
tor more precisely, for example using ČSN EN 12354-1 [2]
prediction calculation models (detailed or simplified).

The prediction models described in ČSN EN 12354-1 are
based on the general formula which defines the total sound
power transmitted between two adjacent rooms in a build-
ing as a sum of the direct sound transmission through the
common partition and the sound transmitted via flanking
elements (floor, ceiling, side walls). Hence, the apparent
sound reduction index R′ is defined as follows

R′ = 10 lg
W0

Wt,d +
∑

Wt,ij

= −10 lg
(
10−R/10 +

∑
10−Rij/10

)
,

(2)

where W0 is the incident sound power, Wt,d is the sound
power transmitted via direct transmission path and Wt,ij
is the sound power transmitted via flanking path ij. Simi-
larly, R is the sound reduction index for direct transmis-
sion a Rij is the sound reduction index for flanking trans-
mission path ij. Normally, 13 transmission paths are taken
into account (one direct and three flanking paths through
each of four junctions). Sound transmission from rear wall
is neglected. The previous equation is also valid for single-
number weighted quantities R′

w, Rw and Rw,ij .
In the detailed model, the sound reduction index Rij for

flanking sound transmission is given by following equation

Rij =
Ri +Rj

2
+

Dv,ij +Dv,ji

2
+ΔRi+ΔRj+10 lg

Ss√
SiSj

,

(3)
where Ri, Rj is the sound reduction index of flanking
element i or j respectively, term (Dv,ij + Dv,ji)/2 is the
direction-averaged junction velocity level difference, ΔRi

and ΔRj is the sound reduction improvement index of

4 Přijato 10. srpna 2014, akceptováno 18. prosince 2014.
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flanking element in source room or receiver room respec-
tively, Ss is the surface area of common partition and Si

and Sj is the surface area of element i or j respectively.
In simplified model, the weighted sound reduction index

Rw,ij is defined as

Rw,ij =
Rw,i +Rw,j

2
+ ΔRw,ij +Kij + 10 lg

Ss
l0 lf

, (4)

where Kij is the vibration reduction index, lf is the com-
mon length of joint between separating element and flank-
ing element and l0 is the reference joint length (=1 m).
The use of both of these models requires the knowledge

of many acoustical properties of several building elements
and junctions involved in the sound transmission path
while the empirical approach of ČSN 73 0532 is simply
based on the type of the building. This fact complicates
the prediction process a lot. Here is a brief overview of
required properties:

◦ sound reduction indexes and dimensions of all build-
ing elements (e.g. partition, facade, floor, ceiling),

◦ mounting conditions of all building elements,
◦ vibration attenuation characteristics of all structural
junctions.

Acousticians rarely have such a complete information
about the building situation for calculations. Moreover,
the presence of windows, doors, multiple indoor parti-
tions, etc., leads towards the need of model adaptation to
real situation. This introduces other unpredictable human
errors. The exclusion of these problems was the main mo-
tivation for the development of a new prediction method.
Therefore this new method is simply based on the know-
ledge of a type and a surface mass of each building element
and a type of each junction. Other acoustical and geo-
metrical properties such as structural reverberation time,
dimensions, etc., are excluded or the mean values are con-
sidered. This approach usually gives overestimated (safer)
results.
Similarly to airborne sound, for impact sound transmis-

sion between rooms ČSN 73 0532 [1] recommends to use
measured or calculated laboratory values of weighted nor-
malized impact sound pressure levels Ln,w, corrected to
in-situ quantity L′

n,w according to following formula

L′
n,w = Ln,w + k2 , (5)

where k2 is the correction factor for flanking impact sound
transmission (normally k2 = 0 dB to 2 dB). In some
cases (e.g. buildings with difficult floor plans) it is recom-
mended to determine this correction factor more precisely,
for example using ČSN EN 12354-2 [3] prediction calcula-
tion models (detailed or simplified).
According to ČSN EN 12354-2 the total normalized im-

pact sound pressure level L′
n is defined as energy sum of

normalized impact sound pressure level Ln caused by di-
rect transmission and normalized impact sound pressure
levels Ln,ij caused by flanking transmission

L′
n = 10 lg

(
10Ln/10 +

∑
10Ln,ij/10

)
. (6)

In special case of horizontal direction of propagation of
impact sound (i.e. two rooms which are next to each other)
this equation is reduced to flanking transmission only

L′
n = 10 lg

(∑
10Ln,ij/10

)
. (7)

Four flanking transmission paths for vertical and two for
horizontal direction of propagation are usually taken into
account.

In the detailed model, the normalized impact sound
pressure level caused by flanking transmission is given by
following equation

Ln,ij = Ln,slab−ΔLn+
Ri − Rj

2
−Dv,ij−ΔRj−10 lg

√
Si

Sj
,

(8)
where Ri is the sound reduction index of excited (separat-
ing) building element i, Rj is the sound reduction index
of flanking element j, Dv,ij is the junction velocity level
difference for impact sound transmission from element i to
element j, ΔRj is the sound reduction improvement index
of flanking element in receiver room, Si is the surface area
of excited (separating) element and Sj is the surface area
of flanking element j in receiver room.

The prediction of weighted normalized impact sound
pressure level L′

n,w according to simplified model is based
on following general formula

L′
n,w = Ln,w −ΔLw +K , (9)

where Ln,w is the weighted normalized impact sound pres-
sure level of a slab, ΔLw is the reduction of weighted
normalized impact sound pressure level caused by floor
construction and K is the correction factor for flanking
transmission. This factor K is given in a table form in
ČSN EN 12354-2 and depends on the mean surface mass
of all flanking elements and the surface mass of separating
element.

The motivation for the development of new prediction
method was the same to those for airborne sound transmis-
sion. It must be said that the new method is finally simi-
lar to the simplified model described in ČSN EN 12354-2
which is also based on tabular corrections for flanking
transmission. However, these corrections are considered in-
dividually for each junction in the new method, whereas in
ČSN EN model they depend on mean surface mass of all
flanking elements. Hence, the new method is more correct
and accurate in general.
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2. New method for estimating the apparent
weighted sound reduction index

According to the new proposed method the apparent
weighted sound reduction index R′

w is calculated from the
similar equation as that written in ČSN 73 0532

R′
w = Rw − kair , (10)

ki (dB)

m′
f m′

d (kg·m−2)
(kg·m−2) 100 200 300 400 500 600

100 0.6 1.2 2.0 2.6 3.2 3.7

200 0.2 0.6 1.2 1.8 2.3 2.8

300 0.1 0.3 0.6 1.0 1.4 1.8

400 0.0 0.1 0.3 0.6 0.9 1.2

500 0.0 0.1 0.2 0.4 0.6 0.8

600 0.0 0.1 0.1 0.3 0.4 0.6

ki (dB)

m′
f m′

d (kg·m−2)
(kg·m−2) 100 200 300 400 500 600

100 1.1 2.2 3.6 4.7 5.6 6.3

200 0.4 1.1 2.2 3.2 4.1 4.9

300 0.2 0.5 1.1 1.8 2.5 3.2

400 0.1 0.3 0.6 1.1 1.6 2.2

500 0.0 0.2 0.4 0.7 1.1 1.5

600 0.0 0.1 0.3 0.5 0.8 1.1

Figure 1: Corrections ki of weighted apparent sound re-
duction index Rw for flanking sound transmission [4]

where kair is the correction factor for flanking sound trans-
mission (≈ k1 in ČSN 73 0532). This factor is calculated
from following equation

kair = 10 lg
[
(1− n) +

∑
10ki/10

]
, (11)

where n is the number of flanking elements connected
to separating partition and ki is the correction factor of
weighted laboratory sound reduction index Rw caused by
the presence of flanking element i. Normally n = 4 and
k1, . . . , k4 are correction factors for sound transmission via
floor, ceiling and two side walls. These factors have been
calculated using simplified model from ČSN EN 12354-1
for different types and surface masses of flanking elements
and different types of junctions. For easier use the re-
sults have been tabelized (see next two examples for rigid
X- and T-junctions and heavyweight building elements).
In both tables, m′

d is the surface mass of separating ele-
ment (perpendicular to the direction of propagation) and
m′
f is the surface mass of flanking element (parallel to the
direction of propagation).
More tables with correction factors for other junctions

and elements can be found in the final report of COST CZ
project No. LD12075 “Effective design of sound insulating
constructions in buildings” [4].

0 1 2 3 m

Flat A - living room and kitchen Flat B - bedroom

Figure 2: Floor plan for prediction of airborne sound in-
sulation between rooms [5]

Model example Calculate the weighted apparent
sound reduction index between two rooms in Figure 2.
The separating wall between flats is a heavyweight block
wall 300mm thick with surface mass m′

d = 345kg·m−2.
The floor consists of a concrete slab with surface mass
615kg·m−2 and a heavyweight floating floor. Indoor ma-
sonry partitions are 85 kg·m−2 and the facade wall is
300kg·m−2.

6
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Direct transmission (m′
d = 345kg·m−2):

Rw = 56 dB

Flanking transmission:
No. 1 (T-juction, m′

f1 = 300 kg·m−2): k1 = 1.5 dB
No. 2 (X-junction, m′

f2 = 615 kg·m−2): k2 = 0.2 dB
No. 3 (T-junction, m′

f3 = (345 + 85)/2 = 215 kg·m−2):
k3 = 2.7 dB

No. 4 (X-juction, m′
f4 = 615 kg·m−2): k4 = 0.1 dB

kair = 10 lg(−3+100.15+100.02+100.27+100.01) = 3.7 dB

Total transmission:

R′
w = 56− 4 = 52 dB

The difference in the approach of the new method and the
prediction models described in ČSN EN 12354-1 is illus-
trated in Figure 3. In the ČSN EN models three flanking
paths are studied separately for each junction – (Fi, d),
(D, fi) a (Fi, fi), while in the new method all these paths
are considered together introducing one correction factor
ki for each junction.

Figure 3: Direct and flanking airborne sound transmission
through one structural junction

The general formula for the direct sound reduction in-
dex is

R = −10 lgWt,d
W0

, (12)

whereWt,d is the sound power transmitted via direct path
and W0 is the sound power incident on the separating
element. The flanking sound reduction index for each of
four junctions is given by following equation

Ri = −10 lg
(

Wt,Fi,d +Wt,Fi,fi +Wt,D,fi
W0

)

= −10 lg
(
10−RFi,d/10 + 10−RFi,fi/10 + 10−RD,fi/10

)
.

(13)

For the explanation of all above mentioned sound power
quantities see Figure 3. The apparent sound reduction in-
dex for sound transmission between two rooms via direct
path and one flanking path through junction „i“ can be
written as

R′
i = −10 lg

(
Wt,d +Wt,Fi,d +Wt,Fi,fi +Wt,D,fi

W0

)

= −10 lg
(
10−R/10 + 10−Ri/10

)
.

(14)

Considering weighted quantities the previous equation can
be re-written to following form

R′
w,i = −10 lg

(
10−Rw/10 + 10−Rw,i/10

)
. (15)

The correction factor ki defined as a degradation of the
weighted laboratory sound reduction index of separating
element Rw caused by the presence of one flanking element
(junction) i is then

ki = Rw − R′
w,i . (16)

By adding this relationship to the previous equation we
obtain the formula for weighted sound reduction index for
flanking path (element) i

Rw,i = −10 lg
(
10−R′

w,i/10 − 10−Rw/10
)

= −10 lg
(
10−(Rw−ki)/10 − 10−Rw/10

)
.

(17)

This equation can be combined with the general formula
for apparent weighted sound reduction index. For n junc-
tions between separating element and flanking elements
(normally 4 junctions) we obtain the final formula for
flanking correction factor kair

R′
w = Rw − kair = Rw − 10 log

[
(1− n) +

∑
10ki/10

]
.

(18)

3. New method for estimating the weighted
impact sound pressure level

According to the new proposed method the weighted nor-
malized impact sound pressure level L′

n,w is calculated
from the similar equation to that written in ČSN 73 0532

L′
n,w = Ln,w + kimp , (19)

where kimp is the correction factor for flanking impact
sound transmission (≈ k2 in ČSN 73 0532). This factor
is calculated from following equation

kimp = 10 lg
[
(1− n) +

∑
10ki/10

]
, (20)

where n is the number of flanking elements connected to
excited floor and ki is the correction factor of weighted
normalized impact sound pressure level Ln,w of this floor

7
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caused by the presence of flanking element i (not the same
as ki for the airborne sound transmission). Normally n = 4
and k1, . . . , k4 are corrections for impact sound transmis-
sion via side walls. These factors have been calculated
using detailed ČSN EN 12354-2 model for different types
and surface masses of flanking elements and junctions. For
easier use the results have been tabelized (see next two

ki (dB)

m′
f m′

d (kg·m−2)
(kg·m−2) 100 200 300 400 500 600

100 0.2 0.5 0.8 1.1 1.4 1.6

200 0.1 0.2 0.4 0.6 0.9 1.1

300 0.0 0.1 0.2 0. 3 0.5 0.6

400 0.0 0.1 0.1 0.2 0.3 0.4

500 0.0 0.0 0.1 0.1 0.2 0.3

600 0.0 0.0 0.1 0.1 0.1 0.2

ki (dB)

m′
f m′

d (kg·m−2)
(kg·m−2) 100 200 300 400 500 600

100 0.4 0.9 1.5 2.0 2.4 2.8

200 0.1 0.4 0.8 1.2 1.6 2.0

300 0.1 0.2 0.4 0.7 0.9 1.2

400 0.0 0.1 0.2 0.4 0.6 0.8

500 0.0 0.1 0.2 0.3 0.4 0.6

600 0.0 0.0 0.1 0.2 0.3 0.4

Figure 4: Corrections ki of weighted normalized impact
sound pressure level Ln,w for flanking transmission [4]

examples for rigid X- and T-junctions and heavyweight
building elements). In both tables, m′

d is the surface mass
of separating element (excited plate) and m′

f is the surface
mass of flanking element (wall radiating sound to receiver
room).

0 1 2 3 m

Flat A/B - children´s room

Figure 5: Floor plan for prediction of impact sound insu-
lation between rooms [5]

Model example Calculate the weighted normalized im-
pact sound pressure level of floor in room in Figure 5. The
separating structure between flats is a heavyweight con-
crete slab 220 mm thick with a heavy floating floor. All
side structures are masonry walls from hollow blocks.

Direct transmission (m′
d = 533 kg·m−2):

Ln,w = 38 dB

Flanking transmission:
No. 1 (T-junction, m′

f1 = 345 kg·m−2): k1 = 0.8 dB
No. 2 (X-junction, m′

f2 = 134 kg·m−2): k2 = 1.2 dB
No. 3 (X-junction, m′

f3 = 134 kg·m−2): k3 = 1.2 dB
No. 4 (X-junction, m′

f4 = 345 kg·m−2): k4 = 0.4 dB

kimp = 10 lg(−3+100.08+100.12+100.12+100.04) = 2.9 dB
Total transmission:

L′
n,w = 38 + 3 = 41 dB

In the new method as well as in the detailed ČSN EN
12354-2 model one flanking path is considered for each
junction – (D, fi) as shown in Figure 6.
The general formula for the normalized impact sound

pressure level caused by the direct impact sound power
transmission W2,d and the power transmission via one
flanking path W2,fi is

L′
n,i = 10 lg

[
4ρ0c0 (W2,d +W2,fi)

p20A0

]

= 10 lg
(
10Ln/10 + 10Ln,i/10

)
.

(21)

Considering weighted quantities the previous equation can
be re-written to following form

L′
n,i,w = 10 lg

(
10Ln,w/10 + 10Ln,i,w/10

)
. (22)

8
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Figure 6: Direct and flanking impact sound transmission
through one structural junction

The correction factor ki defined as the increase of weighted
laboratory normalized impact sound pressure level of sepa-
rating element caused by the presence of one flanking ele-
ment i is then

ki = L′
n,i,w − Ln,w . (23)

By adding this relationship to the previous equation we
obtain the formula for weighted normalized impact sound
pressure level caused by flanking path (element) i

Ln,i,w = 10 lg
(
10L

′
n,i,w/10 − 10Ln,w/10

)
= 10 lg

(
10Ln,w+ki/10 − 10Ln,w/10

)
.

(24)

This equation can be combined with general formula for
the normalized impact sound pressure level. For n junc-
tions between separating element and flanking elements
(normally 4 junctions) we obtain the final formula for
flanking correction factor kimp

L′
n,w = Ln,w+kimp = Ln,w+10 lg

[
(1− n) +

∑
10ki/10

]
.

(25)

4. Conclusions

The proposed simplified method for estimating the appa-
rent weighted sound reduction index and weighted norma-
lized impact sound pressure level in residential buildings
seems to be a useful prediction tool for the design stage
of a construction process. It is more complex than the ap-
proach described in ČSN 730532 which is based on few
empirical corrections and also easier to use than the cal-
culation prediction models described in ČSN EN 12354-1
and -2. Although it is necessary to verify the accuracy of
proposed simplified method in future, the first experiences
on common situations indicate that the similar results can
be expected to those from ČSN EN models. In more com-
plex situations, especially if single heavyweight structures
are combined with lightweight multilayered elements, the
less accuracy is expected but towards the safer results.
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Noise Measuring and Control on Industrial Fans
Měření a snižování hluku průmyslových ventilátorů

Tomáš Salava

VZLÚ, Beranových 130, 199 05 Praha

Following a brief introduction to noise problems in fans, contemporary methods and practices of fan noise mea-
surements and evaluation are discussed. The principles and specific limitations of the use of active methods of
noise control for industrial fans are then discussed, and a possible way of a more advanced solution for using ANC
on larger axial fans is proposed.

1. Introduction

The noise of fans arises mainly aerodynamically from the
rotating blades of the impeller, and usually consists of
tonal sound components and broadband random noise.
Tonal components occur at the blade passing frequency
or also at its multiples, and come mainly from the trails
in the air generated by the moving blades. The broad-
band noise is associated with random fluctuations in the
flow on and around the blades. Both the tonal and the
random noise rise rapidly with increasing rotation speed
of the impeller.
Most of the random noise comes from the eddy swirls

following the trailing edges of the blades and the blade
tips. When a blade tip cuts through the air, it leaves
a spinning trail in the air called a vortex. The swirls pro-
duce random noise with a broad frequency spectrum. Both
harmonic and random noise generation is strongest at the
end parts of blades, where the speed of blades is maximal.
Faster splitting of the air also means higher frequency com-
ponents of the noise radiated mainly by the blades tips.
In the absence of stronger upstream disturbances in the

air stream, rotating blades radiate noise basically due to
three following mechanisms: (1) the vortices mainly at the
blade tips, (2) the vortex-shedding mostly due to trailing-
edge thickness and (3) the scattering of the boundary-
layer turbulences at the trailing edges of the blades. Fan
noise also depends on the aerodynamic load and can be
increased considerably by disturbances of the input stream
of air, as e.g. caused by protective gratings.
Both the aerodynamic and acoustic properties of fans

depend strongly on the shape and number of blades, or
more correctly, on what is called the solidity ratio of the
blades, this being the ratio of the sum of the overall blade
widths to the circumference of the impeller. Blade shape
and twist also affects the velocity profile of the output air
stream. The shape, solidity ratio and number of blades can
substantially influence spectral properties of the radiated
noise, however, not as much the overall sound power of the
emitted noise.
This article is mainly concerned with axial fans that

have an open suction side and a duct on the output side. In
general, ducts on the output side of the fan can reduce drag

effects of the blade tip vortices which also reduces the noise
radiated into the duct. Ducted fans can run more smoothly
and create the same amount of thrust with shorter blades.
More information concerning the noise generated by fans
can be found in the next chapter and mainly in the refe-
rences to this paper.

2. Fan noise in brief

As already mentioned, fan noise originates mainly aero-
dynamically from the rotating blades of the impellers.
Its tonal components come from the pulses of air as the
moving blades push into the air. The broadband noise
is generated by random fluctuations in the flow around
the blades. Most of the random noise comes from the
eddy swirls following the trailing edges and mainly tips
of blades.
Contemporary understanding of aerodynamically

generated noise basically emerges from the research
done by Lighthill, namely from his papers published in
1952 and 1954 respectively [1]. In 1969 Ffowcs Williams
and Hawkings published the basic relation for the noise
emitted by bodies moving in air, often called the Ffowcs
Williams – Hawkings relation (FW-H) [2]. These authors
also introduced the three different noise source terms: (1)
thickness (monopole), (2) loading (dipole), and (3) the
quadruple term. The quadruple term and the correspond-
ing noise component are largely transonic phenomena,
and can be ignored at the subsonic regime in which the
industrial fans work.
The FW-H equation was derived from Lighthill’s acous-

tic analogies under the assumption of a limited source re-
gion, which is enclosed by a specified control surface. In
this way, the volume integration for monopole and dipole
partial noise sources can be superseded by surface inte-
grals. If necessary, noise sources outside the control surface
can be accounted for by subsequent volume integration.
In 1998 Farassat and Brentner proposed a method to

predict noise caused by rotating blades [3], based on FW-H
relations. Subsequently, Farassat published the next pa-
pers leading to his formulations 1 and 1A which since then
have been used mainly for computing propeller noise [4].
The Farasat formulations 1 and 1A are solutions of the

10 Přijato 24. dubna 2014, akceptováno 19. prosince 2014.
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Ffowcs Williams-Hawkings equation with surface sources
moving at subsonic speed. The last paper dealing with
these formulations was published in 2007 [5].
A good overview of noise prediction methods aimed

mainly at axial fans appeared in 2000 [6]. Probably the
first attempts to extend the Computational Fluid Dyna-
mics (CFD) methods and software to compute noise ge-
nerated by fans were published in 2003 [7] and 2004 sub-
sequently [8].
A number of papers dealing with fan noise were pub-

lished through years 2007 to 2012 [e.g. 9–13], aimed in
greater detail at the broad-band noise generated by trail-
ing edges and at tips of the blades. Several very interesting
papers appeared in 2013, dealing e.g. with the noise gene-
rated by spinning-tip and trailing-edge turbulences [14,
15, 39, 40] and, probably for the first time as well with
the spinning-waves modes of the noise generated by fans
in ducts [16].
Regrettably not even the latest advancements in

understanding fan noise nor the contemporary advanced
CFD/CAE computational means (e.g. FLUENT [17] and
similar others) have brought particularly new findings to
the further reduction of fan noise, nor anything that would
not have been known or found experimentally. To illustrate
this assertion let us take an example the two fans shown
in Figs. 1 and 2.

Figure 1: Fan 1 – impeller with six broad and relatively
curved blades (high solidity ratio)

The impellers of the two fans differ in the shape and
number of blades and also by the solidity ratio of the
blades on the impellers. The typical spectral characteris-
tics of the noise of the two fans can be seen in Figs. 3 and 4.
The analyzed noise samples of the two fans have been
recorded at the free suction side of the fans, 60 degrees
off the fans axis, at a distance of 2 m from the impeller
center, and at the same rotational speed of the impellers.
In Figs 3 and 4 and also in the subsequent frequency spec-
tra, the dark and light blue curves indicate a range of
short-time fluctuations.

Figure 2: Fan 2 – impeller with four narrower blades (low
solidity ratio)

Figure 3: Frequency power spectrum of the noise sample
of fan 1 (for further details see text)

Figure 4: Frequency power spectrum of the noise sample
of fan 2 (for further details see text)

11
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Easily noticeable in Fig 3 is a prominent discrete spec-
tral component at the frequency of cca 240 Hz, and the
second one, weaker, at 480 Hz. With six blades, the fre-
quency 240 Hz corresponds to 2 400 rpm of the impeller.
At 480 Hz it is clearly the 2nd harmonics of the blade
passing frequency. The striking discrete spectral compo-
nent at 240 Hz has its maximum nearly 20 dB above the
mean level of the remaining noise components and about
15 dB above the maxima of the remaining part of the fre-
quency spectrum. The second power spectrum in Fig. 4
has no visible discrete spectral component. In these figu-
res, the light and dark blue parts of the curves merely
indicate certain time fluctuations in the spectra.
In the next Figs. 5 and 6 3-D spectrograms are shown

of the noise of the same two fans recorded at the same
points, for their rotations changing continuously with the
time from approx. 1 600 to 2 400 rpm. Clearly visible in
Fig. 5 again is the tonal component at the blade pass-
ing frequency, the prominence of which increases rapidly
with the rotational speed of the impeller. The increase in
its level is about 15 dB whereas the rotational speed of

Figure 5: 3-D spectrogram – fan 1 (time and r.p.m. go
from the front backward)

Figure 6: 3-D spectrogram – fan 2 (time and rpm follow
from the front backward)

the impeller has increased 1.5 times. Levels of the non-
periodic spectral components rise much more slowly with
rotations at both fans. In Fig. 6, no stronger discrete tonal
component is again visible.

3. Evaluating fan noise

Noise can be assessed most simply by listening or through
listening tests, or it can be based on measurements. Mea-
sured factors are mostly sound pressure levels, at a number
of variously defined measuring points. A valuable tool both
in noise evaluation and noise reduction is spectral analysis,
and spectral decomposition, especially if the periodic and
non periodic noise components are to be evaluated sepa-
rately. However, the final assessment must be based on
internationally accepted standards. The basic standards
applicable to noise measurements of fans are listed in the
following Table 1.
This paper concerns mainly axial fans with a free inlet

or suction side and a duct of limited length on their output
side. Under consideration is the noise radiated both from
the open inlet side and the outlet of the duct. For mea-
suring noise radiated from the free suction side, as well as
from the open outlet side of the duct, the standards from
the ISO 3740 “family” can be and mostly are used.

3.1. Noise radiated into free or semi-free space

In practice, the standard most often used is ISO 3744
(Determination of sound power levels and sound energy
levels of noise sources using sound pressure – Engineer-
ing methods for an essentially free field over a reflecting
plane), which specifies the means and conditions of deter-
mining sound power from sound pressure levels, measured
on a virtual surface enveloping the noise source. The ac-
curacy grade is 2 (engineering grade).
Most often, we measure fans with ducts. In this case,

standard ISO 3744 can also be used for determining sepa-
rately the sound power of the noise radiated from the suc-
tion and the outlet side of the fan assembly. This is mostly
possible simply through the proper choosing or allocat-
ing of measuring points for the suction and outlet sides.
An example of such measurement is shown in Fig. 7. An
auxiliary adjustable cage is used for fixing the measuring
points around the measured object. For measuring fans
with shorter ducts, a separation wall of sufficient dimen-
sions would, however, be necessary.
Shown in Fig. 8 is the assembly of the measured fan from

the suction side. An example of the result of measurement
on this fan assembly is in Fig. 9. Fb is the frequency of the
power supply feeding the synchronous electromotor of the
fan. The rotational speed of the impeller equals 48 × Fb
[r. p.m.].

3.2. Measuring noise emitted into ducts

Measuring noise of fans emitted into ducts specifies stan-
dard ISO 5136 (Acoustics – Determination of sound power

12
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Figure 7: Measuring noise of an axial fan with a duct ac-
cording to ISO 3744

Figure 8: The measured assembly: an industrial fan with
a longer duct on the output side

Figure 9: An example of the results of measuring the fan
assembly shown in Fig.8: a – sound power from the suction
side, b – sound power from the duct outlet side

Table 1: Standards used for noise measurements of fans

ISO 3740:2000 Acoustics – Determination of sound po-
wer levels of noise sources – Guidelines for the use of
basic standards

ISO 3741:2010 Acoustics – Determination of sound po-
wer levels and sound energy levels of noise sources
using sound pressure – Precision methods for rever-
beration test rooms

ISO 3742:1988 Acoustics – Determination of sound po-
wer levels of noise sources - Precision methods for
discrete-frequency and narrow-band sources in rever-
beration rooms

ISO 3743:2010 Acoustics – Determination of sound po-
wer levels and sound energy levels of noise sources
using sound pressure – Engineering methods for small
movable sources in reverberant fields – Part 1: Com-
parison method for a hard-walled test room – Part 2:
Methods for special reverberation test rooms (accu-
racy grade 2 – engineering grade)

ISO 3744:2010 Acoustics – Determination of sound po-
wer levels and sound energy levels of noise sources
using sound pressure – Engineering methods for an
essentially free field over a reflecting plane (accuracy
grade 2 – engineering grade)

ISO 3745:2012 Acoustics – Determination of sound po-
wer levels and sound energy levels of noise sources
using sound pressure – Precision methods for anechoic
rooms and hemi-anechoic rooms

ISO 3746:2010 Acoustics – Determination of sound po-
wer levels and sound energy levels of noise sources
using sound pressure – Survey method using an en-
veloping measurement surface over a reflecting plane
(accuracy grade 3 – survey grade)

ISO 3747:2010 Acoustics – Determination of sound po-
wer levels and sound energy levels of noise sources
using sound pressure – Engineering/survey methods
for use in situ in a reverberant environment (accuracy
grade 2/3 – engineering/survey grade)

ISO 5136:2003 Acoustics – Determination of sound po-
wer radiated into a duct by fans and other air-moving
devices – In-duct method

ISO 9614:2002 Acoustics – Determination of sound po-
wer levels of noise sources using sound intensity – Part
1: Measurement at discrete points, Part 2: Measure-
ment by scanning, Part 3: Precision method for mea-
surement by scanning

radiated into a duct by fans and other air-moving devices
– In-duct method). Defined in this standard are the ways
and conditions of testing fans and other air-moving de-
vices to determine the sound power radiated into measur-
ing ducts terminated anechoically.

13
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Figure 10: An example of anechoic termination on a mea-
suring duct

Figure 11: Suction side of the measuring duct

ISO 5136 is supposed to be used with the measurement
of ducts with diameters from 0.15 m to 2 m. Maximum
mean flow velocity in the ducts is limited in dependence
on the wind shields used on the measuring microphones.
With a foam ball shield, the maximum velocity is 15 m/s;

Figure 12: Measuring duct disassembled; showing a fan
fixed on it

with nose cone 20 m/s; and with sampling tube 40 m/s.
Requirements for the measuring facility are specified very
thoroughly in this standard, with a number of variants e.g.
for constructing the anechoic termination of the measuring
duct.
An example of an anechoic termination of a measuring

duct that we use is shown in Fig. 10. Fig. 11 shows the
suction side of the same measuring duct. Shown in Fig. 12
is the disassembled suction side of the measuring duct with
a fan fixed on it for subsequent measuring. The fan has
18 narrow blades.

Figure 13: Frequency spectrum of the noise of the fan at
2 000 rpm (for details see the text)

Figure 14: An example of how the spectrum of the noise
can change with the microphone’s radial position (impeller
rotating at 2 000 r.p.m.; time follows from the front back-
wards)

An example of a frequency spectrum (spectral density
distribution) typical for the fan with this impeller is shown
in Fig. 13. The chosen noise sample was picked up at
2 000 rpm of the impeller by a 1/4 inch microphone with
a wind screen placed inside measuring duct according to
ISO 5136. The prominent spectral maximum at 600 Hz
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corresponds only to the first harmonics of the blade pass-
ing frequency. The light and dark blue curves in these
figures merely indicate some possible time fluctuations in
the spectra.
Fig. 14 shows an example of how the spectrum of the

noise can change with the microphone’s radial position.
In this case, the microphone was moving slowly from the
duct axes to the wall of the duct. The position of the mi-
crophone as prescribed by ISO 5136 can eliminate only the
first circular mode. Measuring at more then one circum-
ferential position can eliminate the first spinning mode. It
should be pointed out that at higher frequencies, the un-
certainty of measurements according to ISO 5136 is much
higher then is mostly admitted.

4. Active noise control in fans

Active Noise Control or also Active Noise Cancellation
(ANC) methods are based on the idea of reducing or can-
celling an undesired noise by the same noise in the opposite
phase, or more precisely by another specifically genera-
ted or controlled secondary sound coming from the ANC
system. At present, these methods work well only at low
sound frequencies, or if the distances between the primary
and secondary sound sources are small compared to the
corresponding wavelengths, which also means effectiveness
only in a limited space.
There are basically two ANC strategies. The first one

is called feed-forward strategy (FF) the second feed-back
strategy (FB). Feed-back ANC minimizes the noise in
the controlled zone around a sensing microphone. Feed-
forward ANC version uses the reference signal from the
noise before it reaches the controlled zone. Both ANC ver-
sions can be, and often are, combined.
In the simplest alternative of an ANC FB system, a mi-

crophone picks up the sound at a given point and a loud-
speaker is supposed to radiate the same acoustic signal
with opposite phase. Such simple ANC strategies are used
in cheaper headphones. In more expensive headphones
with ANC, combined FB and FF ANC systems are used
instead. Basically, simple ANC systems can work success-
fully only where the controlled space is small, or where the
sound field has insignificant differences in spatial distribu-
tion.
In e.g. cylindrical pipes, the first transversal standing

wave mode starts at frequency f01 = 0.58 · c0/D [Hz, m].
Thus, in a pipe with diameterD = 0.5 m the first transver-
sal wave mode starts at f01 = 403 Hz. A simple ANC
system can be used in this case successfully only at fre-
quencies well below 400 Hz. In headphones, the controlled
space is very small and thus even simple ANC systems can
work successfully up to relatively high audio frequencies.
ANC systems for larger spaces, as in propeller aircraft

or cars, have to use much more complicated ANC sys-
tems with advanced multi-input multi-output (MIMO)
processors and multiple microphones or vibration pickups
and multiple loudspeakers, often combined with electro-

dynamics or piezoelectric vibrators. Less complicated,
“local” ANC systems could be used on individual seats
or chairs.
Many different algorithms or processing schemes have

been proposed for ANC systems so far. Basic informa-
tion about ANC systems can be found e.g., in a primer
[18). More comprehensive information can be found e.g.
in book [19] and a number of papers as [20–24]. Compre-
hensive sources of knowledge about ANC systems can also
be found in several interesting theses [25, 26].
What seemed initially interesting were ANC applica-

tions or ANC extensions on headrests, or chairs, as on indi-
vidual seats in smaller propeller aircraft, on chairs for ope-
rators of noisy machinery. Creating local “zones of quiet”
has already been a topic of interest for many researchers
[see e.g. 27–30]. Regrettably, the early visions turn not to
be that easy to fulfill. However, more advanced solutions
of ANC processing, based on the principles of virtual sens-
ing or nonlinear ANC concepts, could still bring broader
zones of quiet with considerable noise attenuation and suf-
ficiently stable function. [31–33]
The main problem or difficulty of using ANC on indus-

trial fans is mostly their large dimensions and the high
acoustic power of the emitted noise. ANC systems for
large industrial fans would have to deliver high acoustic
power, and if solved by standard electro-acoustic means,
they would also place great demands on input power or
power supply. As yet, ANC systems have therefore been
proposed instead for smaller fans, such as those used for
cooling computers or larger electronic systems.
The noise of cooling fans in electronic systems has been

receiving increasing attention in recent years as one of
the competitive factors. As yet, reducing noise of small
fans has been solved in passive ways, mainly by improv-
ing the aerodynamics of the impellers and by applying
sound-absorbing materials. Recently, however, fairly new
companies have started advertising cooling fans for elec-
tronic systems using an advanced proprietary solution of
ANC technology [34, 35]. According to our measurements
on one of the advertised smaller cooling fans, the effect
achieved has not been found exceptional as can be docu-
mented by Figs. 15–17.
As can be seen from Figs. 15–17, again, only the tonal

components of the noise are suppressed distinctly, whereas
the nondeterministic noise components remain nearly in-
tact. Regrettably, this confirms again that only a small
effect of ANC can be expected so far on random noise
without perceivable tonal components. On the contrary,
a considerable effect from ANC systems could be expected
with fans for which their noise contains prominent tonal
components.
Fairly lower noise could be reached very probably by

using ANC on smaller fans with impellers purposely de-
signed for the lowest random noise at the cost of more
prominent tonal noise components. Development of low-
noise fans based on the above idea could be very likely an
interesting topic for further research. Another topic aimed
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Figure 15: Frequency spectrum of the noise of an adver-
tized cooling fan – ANC switched off

Figure 16: Frequency spectrum of noise of the same cooling
fan – ANC switched on

mainly at fans with ducts could be based on the so-called
modal concept [36–38].
Ensuing from these two concepts, it could be interest-

ing to place the source of the noise-cancelling sound not
on the walls of the duct, as has been the present practice,
but coaxially with the impeller of the fan. A coaxial, pos-
sibly annular source of the noise-cancelling acoustic signal
could very probably also solve the problem of cancelling
the spinning modes of the noise excited by the rotating
blades.

5. Summary and conclusions

Fan noise consists of tonal sound components and broad-
band random noise. Tonal components occur mostly at
the blade passing frequency and its multiples. Broadband
noise is generated by random fluctuations in the flow on
and around the blades. Random noise arises from the eddy
swirls following the trailing edges of the blades and mainly
from or around the blade tips. The random and mainly

Figure 17: 3-D spectrogram of the noise of the same fan –
ANC first switched on and than off. (time runs from the
front backward)

tonal noise levels rise rapidly with the speed of rotations
of the impeller.
Both the aerodynamic and noise properties of fans de-

pend strongly on the shape and number of blades, or also
on the “solidity” ratio of the blades, i.e. the ratio of the
sum of the overall blades widths to the impeller circum-
ference. The shape, the number of blades and the solidity
ratio of the impeller can substantially influence spectral
properties of the radiated noise, but not as much the sound
power of the noise emitted by fans.
Active Noise Control or also Active Noise Cancellation

(ANC) methods are based on the idea of cancellation of an
undesired noise by another specifically generated or con-
trolled secondary sound coming from the ANC system.
In practice, these methods work well only at low frequen-
cies, and/or in a limited space. ANC systems for larger
spaces, as e.g. in propeller aircraft or cars, have to use more
advanced ANC solutions with multi-input multi-output
(MIMO) processors, more microphones or vibration pick-
ups and loudspeakers, often with electrodynamics or piezo-
electric vibrators.
The main problem with using ANC principles on in-

dustrial fans is mostly their large dimensions and the high
acoustic power of the emitted noise. ANC systems for large
industrial fans would have to deliver high acoustic power,
and if solved by standard electro-acoustic means, would
also demand considerable input power or power supply.
Consequently, up to now ANC systems have been used in-
stead on smaller fans, e.g. for cooling electronic systems.
A very small effect can be expected from known ANC

systems in application to noise having weak or no tonal
components. On the contrary, a considerable effect of ANC
could be reached with fans having lower random noise and
more prominent tonal noise components, possibly even
having the impellers purposely designed towards this end.
Further research would, however, be needed to verify the
effect attainable in this way.
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A promising way to reduce the noise of fans radiated
into ducts seems to be placing the source of the noise-
cancelling sound not only on the walls of the duct, as
mostly found in the present concepts, but inside the duct
and coaxially with the impeller. A coaxial or possibly an-
nular source of the noise-cancelling signal near the hub of
the impeller could solve also the problem of cancellation of
the spinning modes of noise in ducts. Proving these ideas
would, however, require further research.
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Vencovský [12] introduced a new roughness model and showed its performance in comparison with listening
tests for three types of complex acoustics stimuli: amplitude-modulated harmonic complex tones, real samples of
pathological voices (sustained vowel /a/), harmonic intervals of the chromatic scale composed of two harmonic
complex tones (dyads). This study extends his results. It adds a new type of stimuli (low-frequency harmonic
complex tones), slightly changes the method used to estimate roughness, and, for a comparison, depicts results
for Daniel and Weber’s roughness model [9], and Leman’s synchronization index (SI) roughness model [10].
Vencovský’s model performed well for all of the stimuli. Daniel and Weber’s model performed well for the first
type of stimuli, but its results were poor for the rest of the stimuli. The SI model performed well for the first
three types of the stimuli but poorly for the low-frequency harmonic complex tones.

1. Introduction

Two pure tones added together create a signal with a fluc-
tuating envelope. The frequency of the fluctuations equals
the frequency difference between the tones. We may per-
ceive the fluctuations as periodic changes of the signal
loudness when the frequency of the fluctuations is below
30Hz. When the frequency of the fluctuations slowly in-
creases above 30Hz, we may perceive a jarring and rough
sound sensation described by the term roughness [1]. As
the frequency increases, the sensation reaches its maxi-
mum and then starts to decrease. We then perceive both
tones separately with pitches given by their frequency.
This suggests that we perceive the roughness because the
ear cannot resolve the spectral components of the sound
which are close in frequency [1, 2].
Researchers have employed various psychophysical

methods to measure roughness [3–7] and given roughness
a unit called asper [6]. Hand in hand with the psychophysi-
cal methods, researchers developed various mathematical
models predicting roughness (see [2, 6, 8–10]) but none
of them have been standardized [11]. One group of the
models, known as curve-mapping models, detects spec-
tral components of the sound stimuli and maps them
into a psychoacoustical curve of roughness [2]. However,
the curve-mapping models cannot process signals with
continuous spectra, for example, noises [10]. The second
group of roughness models employs algorithms simulating
the function of the peripheral ear [10]. Daniel and We-
ber’s model [9], and Leman’s synchronization index (SI)
model [10] belong to this group.
The aim of this study is to extend the results of the

study of Vencovský [12] which introduced a new roughness
model. The model employs an algorithm simulating the

function of the peripheral ear and thus belongs to the same
group as Daniel and Weber’s and the SI roughness models.
Vencovský [12] used the model to predict results of lis-
tening tests for: amplitude-modulated harmonic complex
tones, real pathological voice samples, and harmonic inter-
vals of the chromatic scale. I slightly changed the method
used to estimate roughness, verified the roughness model
by a new type of stimuli (low-frequency harmonic complex
tones), and, for a comparison, depicted predictions given
by Daniel and Weber’s, and the SI roughness model. Some
of the used real pathological voice samples were rough
and breathy. Speech synthesizers simulate breathiness by
adding noise to the signal [13]. Since the curve-mapping
roughness models cannot predict roughness for noise sti-
muli, I did not use any model of this group [10].

2. Roughness models

This section basically describes three different rough-
ness models: Vencovský’s model [12], Daniel and Weber’s
model [9] and synchronization index (SI) model [10].

2.1. Vencovský’s model

Vencovský presented the model in the study [12]. The
model has a cascade architecture consisting of two stages:
a peripheral stage simulating the function of the human
auditory system, and a central stage predicting roughness
from the simulated neural signal at the output of the pe-
ripheral stage.
The peripheral stage – a computational auditory model

– transforms an input acoustic stimulus into the simu-
lated neural signal in auditory nerve fibers. It is composed
of: an outer and middle ear model, a model of the basilar
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membrane (BM) response and cochlear hydrodynamics de-
veloped by Mammano and Nobili [14–16], and algorithms
simulating the function of the inner hair cells [17–20]. The
signal at the output of the peripheral stage represents the
simulated neural signal. Since the peripheral ear conducts
spatial-frequency analyses, the output signal has 300 chan-
nels: each represents response of the peripheral ear tuned
to a certain frequency between 16Hz and 17 kHz.

The central stage calculates roughness from the simu-
lated neural signal obtained at the output of the peripheral
stage. It first extracts the signal envelope and then process
it by a 1st-order Butterworth low pass filter with a cut-off
frequency of 80Hz. The filter ensures that the roughness
decreases for fluctuations of higher frequencies. The cen-
tral stage then extracts two features from the parts of the
envelope where the signal is rising (rising slopes): duration
of the rising slope, and difference between the minimal
and maximal value. Roughness is estimated as a product
of the frequency calculated from the duration of the ris-
ing slopes and the modulation depth calculated from the
minimal and maximal value of the rising slopes [12]. This
statistics takes into account the shape of the time domain
envelope of the simulated neural signal and the roughness
model thus predicts roughness for the stimuli not covered
by Daniel and Weber’s and the SI roughness model [12].

Vencovský [12, 21] designed two versions of the rough-
ness model with a slightly different central stage. The
model version described in the study [21] predicts rough-
ness in dependence on parameters of various synthetic
stimuli, for example, on the modulation frequency for
amplitude-modulated tones. The study [12] presents
a model which is more suitable for predicting roughness
of various types of complex stimuli. This letter version of
the roughness model is used in this study.

2.2. Daniel and Weber’s model

Daniel and Weber [9] improved a model designed by Au-
res [8]. The peripheral part of the model transforms the
input stimulus into a spectrum and divides it into bands of
a bandwidth equal to the critical bandwidth in Barks [6].
It then turns the spectral representation of the signal in
each band to the time domain and estimates the modu-
lation depth of the signal envelope. The model employs
a bank of weighting filters and was tuned to account for
roughness of amplitude-modulated tones experimentally
measured by Aures [22] and presented in the book of Fastl
and Zwicker [6]. The model is calibrated to aspers. Daniel
and Weber showed that the model accounts for roughness
of various types of synthetic stimuli, for example, ampli-
tude and frequency modulated tones, and unmodulated
bandpass noises [9]. Wang et al. [11] used the model to
predict roughness of vehicle noise.

2.3. Synchronization index model

Leman [10] designed the synchronization index (SI) model.
The model employs an auditory model which transforms
the input acoustic stimulus into bands of the bandwidth
equal to the critical bandwidth. The signal in each band
represents the simulated neural signal in auditory nerve
fibers. The simulated neural signal is then filtered by band-
pass filters in order to predict the bandpass characteris-
tics of roughness when it is depicted as a function of the
modulation frequency [6]. The model calculates a degree
of phase locking of the filtered simulated neural signal
to a particular frequency as a ratio between the short-
term spectra of the simulated neural signal and the DC
component of the simulated neural signal summed across
all bands. Leman [10] depicted the model predictions for
amplitude-modulated tones and for harmonic intervals of
the chromatic scale but did not compare the results with
subjective data. Wang [23] used this model to predict
roughness of vehicle noise.

3. Experiment 1: Roughness of amplitude
modulated harmonic complexes

Experiment 1 estimates the roughness of amplitude-
modulated (AM) complex tones. I conducted a rating lis-
tening test to measure the roughness of the stimuli and
compared the subjective results with predictions of the
roughness models.

3.1. Method

Stimuli Harmonic complexes composed of the first three
harmonics at frequencies of 300, 600 and 900Hz were used
as stimuli. All three harmonics were amplitude-modulated
by the same sinusoidal signal with a frequency of 30,
40, 50, 60, and 70Hz. Modulation depth – calculated as
20 log10m, where m is the modulation index ranging from
0 to 1 – was 0, −3, −6, −9 and −12 dB. Amplitude of the
first, second and third spectral component was 0, −10 and
−20dB, respectively. Duration of the stimuli was 600ms
and they were ramped on and off with 30ms raised-cosine
ramps. The level of the stimuli was 75dB SPL. Combi-
nation of the modulation frequencies and the modulation
depths led to 25 different stimuli.

Listeners: Five experienced listeners - one woman, four
men, age ranging between 25 and 44 years, including the
author of this study - participated in the experiment. The
listeners had normal hearing; pure-tone thresholds below
20 dB HL for frequencies between 250Hz and 8 kHz.

Procedure and equipment: Roughness of the stimuli
was rated on a discrete scale from 1 to 7 in steps of 1,
where 1 was for the lowest and 7 for the highest rough-
ness. This procedure was inspired by the study of Patel et
al. [7] which estimated the roughness of pathological voice
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Figure 1: Mean values of the subjective ratings of roughness for amplitude-modulated harmonic complex tones plotted
as a function of the roughness predicted by Vencovský’s model (left panel), Daniel and Weber’s model (center panel),
and the SI model (right panel).

stimuli on a 5 point scale. Just noticeable difference of
roughness corresponds to about 10% change of the modu-
lation index, m, of a sinusoidally amplitude-modulated
tone [6]. The five chosen values of the modulation depths
(0, −3, −6, −9 and −12 dB) of the AM complexes should
thus cause perceptible changes of roughness. Moreover, the
roughness of the stimuli depends as well on the modulation
frequency [6]. Thus for the AM complex stimuli, a 5 point
scale seemed to be too course. The listeners rated the
roughness of 25 different stimuli presented in a random
order. Each stimulus was rated separately. The listeners
could listen to it as many times as they desired and after
assigning the roughness rating, they were presented with
the next stimulus. The listening test was composed of 10
sets of randomly ordered 25 stimuli. In other words, each
stimulus was rated 10 times giving the overall number of
250 stimuli in the test. The test was conducted on a com-
puter. The stimuli were presented diotically (the same sig-
nal to both ears) via Sennheisser HD-600 headphones.

Roughness prediction: The roughness of the AM
complexes was predicted by means of three types of
roughness models: Vencovský’s model [12], Daniel and
Weber’s model [9] implemented in the sound analyses
software PsySound3 [24], and the synchronization index
(SI) model [10] implemented in IPEM toolbox [25]. All
types of models predict roughness in the time domain
and give time-dependent values of roughness. Daniel
and Weber’s model implemented in PsySound3 and the
SI model implemented in IPEM toolbox calculates the
resulting value of the predicted roughness as median of
the time-dependent values. Since both models calculate
medians, this method is in this study also used for
Vencovský’s roughness model. It differs from the previous
study of Vencovský [12] where the maximum of the
time-dependent values of roughness was taken. This

change did not have any strong effect on the predicted
roughness in comparison to the previous study [12].

3.2. Results

Each stimulus was rated ten times, but the first two rat-
ings were not taken into account for the final processing
of the results. Cronbach’s alpha calculated from the rat-
ings given by each listener was in all cases higher than
0.8 with 5% level of significance, which means that the
listeners were reliable. I estimated as well the intersubject
reliability between mean ratings for each stimulus. Cron-
bach’s alpha was 0.951 with 5% level of significance.
Fig. 1 shows mean values and standard deviations from

the mean calculated across all listeners and ratings plot-
ted as a function of roughness predicted by Vencovský’s
model [12] (left panel), Daniel and Weber’s model [9] (cen-
ter panel), and the SI model [10] (right panel). Daniel
and Weber’s model predicts roughness in aspers. The pre-
sented roughness model and the SI model predicts rough-
ness in its own model units. Tab. 1 shows Spearman’s (s.c.)
and Pearson’s (p.c.) correlation. All three types of rough-
ness models gave data which correlate with the subjective
ratings.

Table 1: Correlation between model predictions and sub-
jective data for amplitude-modulated harmonic complex
tones.

V DW SI

Spearman r: 0.971 0.961 0.977

cor. p: 7 · 10−16 2.3 · 10−14 6.2 · 10−18
Pearson r: 0.973 0.863 0.956

cor. p: 4.7 · 10−16 2.8 · 10−14 9.4 · 10−14

21



V. Vencovský: Roughness Prediction for Complex. . . c© ČsAS Akustické listy, 20(3–4), prosinec 2014, str. 19–26

2.5 3 3.5 4

x 10
−5

1

2

3

4

5

0 1 2 3 0 0.5 1

x 10
−3

predicted roughness

su
bj

ec
tiv

e 
ro

ug
hn

es
s

V DW SI

Figure 2: Mean values of the subjective roughness ratings for real voice samples – sustained vowels /a/ – plotted as a
function of the roughness predicted by Vencovský’s model (left panel), Daniel and Weber’s model (center panel), and
the SI model (right panel).

4. Experiment 2: Roughness of real voice
samples

I have used the same approach as in Experiment 1 to es-
timate the roughness of real pathological voice samples –
sustained vowels /a/.

4.1. Method

Stimuli: The stimuli were 12 real pathological voice
samples of a sustained vowel /a/. The samples were ex-
tracted from stimuli recorded from 11 different subjects
during the scale singing. The subjects had a pathology af-
fecting their larynx. The stimuli differed in the pitch and
in the amount of roughness. Duration of the stimuli was
300ms and they were ramped on and off by 30ms raised-
cosine ramps. The level of the stimuli was 75 dB SPL.

Listeners: Six experienced listeners – men aged between
25 and 36 years, including the author of the study – parti-
cipated in the experiment. The listeners had normal hear-
ing; pure-tone thresholds below 20 dB hearing level (HL)
for frequencies between 250Hz and 8 kHz.

Procedure and equipment: Roughness was rated on
a discrete 5-point scale from 1 to 5 in steps of 1, where 1
was for the lowest and 5 for the highest roughness. The
same scale was used in the study of Patel et al. [7] estimat-
ing roughness of the same type of stimuli – pathological
voice samples of a sustained vowel /a/. The procedure and
equipment were the same as in Experiment 1. Randomly
ordered 12 stimuli were rated 10 times, giving 120 stimuli.

Roughness prediction: Methods used to predict
roughness were the same as in Experiment 1.

4.2. Results

As in Experiment 1, each stimulus was rated ten times,
but the first two ratings were not taken into account for
the final processing of the results. Intrasubject reliability
estimated as Cronbach’s alpha was for all listeners higher
than 0.9 with 5% level of significance. Intersubject reli-
ability estimated as Cronbach’s alpha was 0.983 with 5%
level of significance. I calculated the final subjective rat-
ings as mean values across all ratings and listeners.
Fig. 2 shows the mean values and standard deviations

from the mean of the subjective ratings plotted as a func-
tion of roughness predicted by Vencovský’s model (left
panel), Daniel and Weber’s model [9] (center panel), and
the SI model [10] (right panel). Daniel and Weber’s model
predicts roughness in aspers. The presented roughness
model and the SI model has its own model units. Tab. 2
shows Spearman’s (s.c.) and Pearson’s (p.c.) correlation
between the subjective and predicted roughness. Daniel
and Weber’s model predictions do not correlate with the
subjective ratings. Vencovský’s roughness model predicted
roughness data which correlate with subjective results,
but the model’s performance is poor in the middle of the
roughness scale. The results for the SI model are also poor
in the middle of the roughness scale.

Table 2: Correlation between the model predictions and
subjective data for real pathological voice samples – vowel
/a/.

V DW SI

Spearman r: 0.790 −0.077 0.727

cor. p: 3.6 · 10−3 0.817 4.9 · 10−3
Pearson r: 0.790 0.114 0.680

cor. p: 2.3 · 10−3 0.725 0.011
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Figure 3: Roughness ratings for the harmonic intervals constructed from synthetic complex tones. Circles connected by
dashed lines represent mean values of the subjective data across ten listeners reproduced from the study [2]. Squares
are the roughness model ratings for Vencovský’s model (left panel), Daniel and Weber’s model (center panel), and the
SI model (right panel).

5. Experiment 3: Roughness of intervals of
the chromatic scale

In Experiment 3, I compared the subjective roughness
ratings of harmonic intervals of the chromatic scale with
model predictions. I reproduced the subjective ratings of
roughness from the study of Vassilakis [2].

5.1. Method

Stimuli: The stimuli were constructed according to the
description given in the study of Vassilakis [2]. The har-
monic intervals were composed of dyads of harmonic com-
plex tones. The complexes were composed of the first six
harmonics with amplitude An of the nth harmonic given
by the equation An = A1/n, where n is the number of the
harmonics. The fundamental frequency of the lower har-
monic complex tone in the dyad was set to middle C (C4,
fundamental frequency 256Hz, equal temperament). The
duration of the stimuli was 1 second and it was ramped
on and off by 30ms raised cosine ramps. The level of the
stimuli was 75 dB SPL.

Listeners and procedure: Vassilakis [2] conducted the
listening test with ten experienced listeners. They rated
roughness on a continuous scale between 0 (not rough)
and 42 (rough). The stimuli were presented diotically (the
same signal to both ears) via earphones. The listeners’
task was to set the position of a scroll according to the
perceived roughness.

Roughness prediction: The methods used to predict
roughness were the same as in Experiment 1.

5.2. Results

Squares connected by dashed lines in all panels of Fig. 3
show the subjective ratings of roughness of harmonic in-

tervals of the chromatic scale reproduced from the study of
Vassilakis [2]. The data are plotted as a function of the fre-
quency of the higher tone in dyads. Circles connected by
solid lines represent roughness predicted by Vencovský’s
model (left panel), Daniel and Weber’s model [9] (center
panel) and the SI model [10] (right panel). The model pre-
dictions were divided by its corresponding maximal values
and multiplied by 40 to be in the range between 0 and
40. Tab. 3 shows Spearman’s (s.c.) and Pearson’s (p.c.)
correlation between the subjective and predicted data.
The presented roughness model successfully predicts the
lowest roughness for the intervals of octave and also re-
flects the dip for the interval G4. The predicted roughness
fits mainly the rank order of the subjective roughness as
is reflected by the high Spearman’s correlation and lower
Pearson’s correlation. The data were also well predicted
by the SI model. Daniel and Weber’s model predictions
did not fit the subjective data well.

6. Experiment 4: Low-frequency harmonic
complex tones

Mískiewicz and Majer [26] estimated the perceived rough-
ness of low-frequency harmonic complex tones. The results
of their behavioral study are compared with predictions of
the roughness models.

Table 3: Correlation between the model predictions and
subjective data for harmonic intervals of the chromatic
scale.

V DW SI

Spearman r: 0.918 0.224 0.852
cor. p: 0 0.46 3.4 · 10−5
Pearson r: 0.764 0.649 0.846
cor. p: 2.4 · 10−3 0.016 2.7 · 10−4
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Figure 4: Roughness ratings for low-frequency harmonic
complexes. The abscissa denotes a fundamental frequency
of the complexes. The ordinate denotes roughness in as-
pers. Squares connected by dashed lines represent geomet-
ric mean values of the subjective data reproduced from the
study [26]. Circles, diamonds, and asterisks represent me-
dians and quartiles of the roughness predicted by Vencov-
ský’s model, Daniel and Weber’s model and the SI model,
respectively. Daniel and Weber’s model predicts rough-
ness in aspers. The presented roughness model and the
SI model data were normalized by its maximal value and
multiplied by the maximal subjective roughness.

6.1. Method

Stimuli The stimuli were harmonic complex tones com-
posed of nine harmonics. The fundamental frequency of
the harmonics was 40, 63, 100, 160 and 250Hz. The spec-
tral components were added in random phase. Amplitudes
of the harmonics decreased with 6 dB per octave. Loud-
ness of the stimuli was set to 60 phons. It was set by
a loudness model designed by Moore et al. [27] and im-
plemented in the sound analyses software PsySound3 [24].
Mískiewicz and Majer [26] used 2.5-second-long stimuli
ramped on and off with 2ms cosine-squared ramps. The
duration of the stimuli presented to the roughness models
was 1 second. The shorter stimuli did not affected the pre-
dicted roughness but decreased computational time.

Listeners and procedure Mískiewicz and Majer [26]
obtained the behavioral data with a group of 10 experien-
ced listeners. They used the method of absolute magnitude
estimation, where listeners assign a number according to
perceived roughness.

Roughness prediction: The methods used to predict
roughness were the same as in Experiment 1.

6.2. Results

Fig. 4 shows the subjective and predicted roughness of low-
frequency harmonic complex tones. Squares connected by
dashed lines represent geometric means from 50 roughness

estimates (10 listeners x 5 estimates) reproduced from the
study of Mískiewicz and Majer [26]. Circles, diamonds,
and asterisks represent medians and quartiles of rough-
ness predicted by Vencovský’s model, Daniel and We-
ber’s model [9] and the SI model [10], respectively. Since
the complex tones were generated with random starting
phases of the individual harmonics, the roughness was pre-
dicted for ten different harmonic complex tones with the
same fundamental frequency. Daniel and Weber’s model
predicts roughness in aspers, while Vencovsk’y’s model
and the SI model are not. I normalized the predicted data
given by these two roughness models by its corresponding
maximal value and multiplied them by the maximal value
across the subjective data.
Vencovský’s roughness model qualitatively predicted

the subjective data for the low-frequency harmonic com-
plex tones. Beside the roughness of the low-frequency har-
monic complex tones, Mískiewicz and Majer [26] showed
that low-frequency unmodulated pure tones may also con-
tain roughness. The presented roughness model cannot ac-
count for this observation because it predicts roughness
from the envelope of the simulated neural signal is without
any modulations for unmodulated pure tones. This maybe
the reason why the roughness model predicted roughness
of the 40Hz complex tone as almost equal to the roughness
of the 63Hz complex tone. Daniel and Weber’s model un-
derestimated roughness of the low-frequency complexes,
and the SI model overestimated roughness of the 40Hz
complex tone. The SI model predicts roughness from the
energy at low-frequencies which probably caused this over-
estimation.
I did not calculate Spearman’s and Pearson’s correlation

between the subjective and predicted data because there
were only four different stimuli and the agreement between
the data is evident from the depicted results in Fig. 4.

7. Conclusion

The aim of this study was to extend the study of Vencov-
ský [12] which introduced a new roughness model and com-
pared its performance with results of listening tests. The
study used three types of stimuli: amplitude-modulated
harmonic complex tones, real pathological voice samples,
and harmonic intervals of the chromatic scale. This study
slightly changed the method used to estimate roughness
for Vencovský’s model. The model processes the input
signal in short time frames and gives time-dependent
value of the predicted roughness. The study [12] esti-
mated the overall roughness as a maximal value across
the time frames, this study calculates median across the
time frames. Beside this, I added a new type of stimuli
(low-frequency harmonic complex tones), and depicted re-
sults for two other roughness models: Daniel and Weber’s
model [9] and the synchronization index (SI) model [10].
Spearman’s and Pearson’s correlation described the fit

between the predicted and subjective roughness of the
used stimuli. Results obtained by Vencovský’s roughness
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model correlated with the subjective data for all of the
tested stimuli; Spearman’s correlation higher than 0.764,
and Pearson’s correlation higher than 0.790. The model
also predicted the subjective roughness of low-frequency
harmonic complex tones (Experiment 4). Daniel and We-
ber’s model performed well only for the first type of sti-
muli (Experiment 1, amplitude-modulated harmonic com-
plex tones), and gave the worst predictions for the real
pathological voice samples (Experiment 2). The SI model
performed well for the first three stimuli (Experiment 1 to
3) but could not predict the subjective data for Experi-
ment 4.
Vencovský’s model performed best in comparison with

Daniel and Weber’s, and the SI model. It may indicate
that the peripheral stage of Vencovský’s model adequately
simulates the physiology of the peripheral ear, and that
the central stage selects features from the simulated neural
signal which cover the perception of roughness. However,
the model results for the real pathological voice samples
(Experiment 2) were poor especially for the stimuli in the
middle of the roughness scale. This should be studied fur-
ther.
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