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In many different applications and buildings fans are used to remove unwanted and used air.
These fans often generate broadband and tonal noise. Commonly, passive resistive silencers
are used to attenuate noise generated by different types of fans installed in ventilation systems.
Passive silencers tend to become bulky and impractical when designed for low frequency at-
tenuation. However, active noise control (ANC) is a technique known for its ability to produce
high levels of attenuation in the low frequency range, even with a relatively moderate sized
ANC system. This paper presents an initial study performed to investigate the possibilities of
applying ANC to a radial fan installed inside a box, an insulated box fan. The box is connected
to a duct system and can for example be used as a waste air fan. The primary interest in this
application, when the fan is used as a waste air fan, is to attenuate the noise generated on the
suction side, since that side generates noise into a particular room. Investigations were carried
out to determine where the ANC system should be installed, e.g. inside the box, in the duct
connected to the box etc. Factors considered were for example, turbulence, standing waves,
the type of noise generated by the fan (tonal, broadband, or a combination), and space limita-
tions. The noise generated by the fan was found to be dominated by a tonal component, but
also to have broadband energy in the low frequency range. Further, a feedforward ANC sys-
tem was applied on the suction side, producing approximately 28 dB attenuation of the tonal
component, and 5-10 dB attenuation of the broadband noise between 50 and 200 Hz.

1. Introduction

The indoor climate is import to maintain a high indoor comfort inside buildings. Several factors
influence the indoor climate, e.g. light, temperature, background noise, quality of the air etc. To build
up a high indoor comfort different kinds of heating, ventilating, and air conditioning (HVAC) systems
are installed in the buildings. The ventilation systems can be installed with two separate duct systems;
one duct system for supply air with supply air terminal devices mounted in the rooms and one system
for waste air with exhaust air terminal devices mounted in the rooms. When a fan and a ventilation
system are installed in buildings a potential noise source to unwanted background noise inside the
building is also installed.
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To reduce the noise from the fan, silencers are installed in order to reduce noise propagating through
the ducts. In most ventilation systems, standard resistive passive silencers are used to attenuate the
duct born noise [1]. The attenuation achieved by a passive silencer is dependent on the relationship
between the silencers dimensions, e.g. the length of the silencer and thickness of the sound absorbing
material, and the acoustic wave length; the attenuation is low if the wave length is long compared to
the silencers dimensions [1]. Accordingly, passive silencers designed for low frequency attenuation
tend to be large and bulky which makes them unpractical from an installation point of view.
Another configuration of a silencer using passive noise control in order to reduce fan noise is to
install the fan inside an insulated box, i.e. an insulated box fan. The fan is installed in a box covered
with porous sound-absorbing material on the walls, see Fig. 1 (a). This kind of fan installation in an
insulated box is for instance used in duct systems for removing waste air in different applications, e.g.
in houses, conference halls, toilets, training- and changing rooms, and here the fan is usually installed
behind the ceiling as illustrated in Fig. 1 (b). The insulated box reduces the air born noise radiating
from the fan into the vicinity, and the sound-absorbing material inside the box attenuates duct born
noise propagating through the duct system.

(a) (b)

Figure 1. In a) the insulated box fan, Systemair KVKE 200, and in b) an example of the mounting and use of
the insulated box fan KVKE 200 as a waste air fan.

The sound-absorbing material produces high attenuation over a relatively broad frequency range,
from mid frequencies up to higher frequencies; while it tends to have little impact on noise in the lower
frequency range [1].
A technique which has proven to be an effective way to attenuate low frequency noise in various situa-
tions is active noise control (ANC) [2, 3]. ANC produces high attenuation in the low frequency range
and low attenuation in the high frequency range, while a passive silencer produces low attenuation in
the low frequency range and high attenuation for higher frequencies. Accordingly, active- and passive
techniques complement each other; combining an active and a passive silencer is likely to result in
high attenuation over a broader frequency range.
This paper presents an initial study performed to investigate the possibilities of applying ANC to a
radial fan installed inside a box, an insulated box fan. The ANC systems controller normally relies
on adaptive digital signal processing [2, 3]. Even so, adequate levels of attenuation are not likely to
be obtained if the installation of the ANC system is not designed to account for the physical factors
that may degrade its performance. When applying ANC to ventilation systems a degrading factor
that may have considerable impact on the ANC systems performance is the flow induced noise in the
microphone signals due to airflow in the duct [2, 3, 4, 5, 6]. Therefore, measurements were carried
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out to determine where to install the ANC system to keep the influence of flow induced noise at a
minimum.

2. Influence of turbulence induced noise on the controller

In this paper a single-channel feedforward ANC system with one reference microphone and
one error microphone was used. The algorithm used was the time-domain leaky filtered-x LMS algo-
rithm [2, 3]. To successfully apply ANC to duct noise, many factors other than just the optimization
of the controller need to be taken into consideration. One factor that will significantly restrict the
effectiveness of the controller is the airflow turbulence at the microphones. When applying ANC to
duct noise, using microphones as sensors, the microphones are often exposed to high levels of airflow.
The airflow excites the diaphragm of the microphones resulting in high levels of turbulence noise in
the microphone signals. In the controller the noise generated by the turbulence at the reference mi-
crophone will be processed as if it was acoustic sound. However, at the canceling loudspeaker it will
have no counterpart to destructively interfere with. Further, the turbulent noise created at the reference
microphone will not be correlated with the turbulent noise created at the error microphone, lowering
the coherence between the reference- and error microphones. The turbulence induced noise can be
regarded as measurement noise. Fig. 2 is a block diagram illustrating the control situation based on
the filtered-x LMS algorithm and with measurement noise at the reference- and error microphones.
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Figure 2. Block diagram illustrating the control situation with measurement noise at the reference- and error
microphones, vx(n) and ve(n) respectively.

In Fig. 2 x(n) is the input reference signal, ve(n) the measurement noise at the error micro-
phone, d(n) the desired signal (the signal to be attenuated), y(n) the output from the adaptive filter,
yF (n) the output from the forward path, e(n) is the error signal, and vx(n) the measurement noise at
the reference microphone. Further, P is the plant, W is the adaptive filter, F the forward path, and F̂
is the estimate of the forward path.

2.1 Convergence analysis with measurement noise at the reference microphone

The optimal filter weight solution with measurement noise at the reference microphone and
no measurement noise at the error microphone, which the algorithm approaches as n → ∞, can,
assuming that F̂ = F , be written as [4]

lim
n→∞

E [w (n)] = − (RF + VF )−1 pF (1)

where RF and VF are autocorrelation matrices defined as RF = E
[
xF (n)xT

F (n)
]

and VF =

E
[
vF (n)vT

F (n)
]

respectively. Here xF (n) and vF (n) are vectors of the filtered reference signal and
measurement noise, respectively. Both xF (n) and vF (n) are of length Lw, the length of the adaptive
FIR-filter. Further, pF is a cross-correlation vector defined as pF = E [xF (n) d (n)]. Comparing
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Eq. (1) with the optimal solution approached without measurement noise at the reference sensor,
lim

n→∞
E [w (n)] = −R−1

F pF [7], it can be seen that the measurement noise at the reference sensor
will cause the adaptive filter to converge in the mean toward a solution that is biased compared to
the Wiener-solution for the case of no measurement noise affecting the reference sensor. Hence,
the measurement noise at the reference sensor will lower the ability of the ANC system to attenuate
the acoustic noise. Further, for the filtered-x algorithm with measurement noise on the reference
microphone to converge in mean, the step size µ (the adaptation step) should be selected according
to [4]

0 < µ <
1

Lw

(
σ2

xF
+ σ2

vxF

) (2)

where Lw is the length of the adaptive filter, σ2
xF

is the power of the reference signal filtered with
the forward path estimate, and σ2

vxF
is the power of the measurement noise at the reference sensor

filtered with the forward path estimate. In comparing Eq. (2) with the bound on the step size without
measurement noise at the reference sensor, 0 < µ < 1

/
Lwσ2

xF
[7], it can be seen that the maximum

step size for the case of measurement noise at the reference sensor is likely to be reduced, resulting in
a decreased maximum convergence rate of the algorithm.

2.2 Convergence analysis with measurement noise at the error microphone

In [4] it is shown that measurement noise at the error sensor will not affect the optimal filter
weight solution, i.e. the optimal filter weights in mean. However, it may affect the statistical properties
of weight vector and the time it takes to converge in the mean square sense. In [4] it was found that
an increased power of the measurement noise at the error microphone, σ2

ve
, will result in an increased

variance of the adaptive filter weight vector. A decreased variance can be obtained by decreasing the
step size µ on the expense of an increased convergence time. This effect can be seen by examining
the excess mean-square error. The excess mean-square error for the filtered-x LMS algorithm without
measurement noise at the error microphone (σ2

ve
= 0) can be written as ξex ≈ µξminLwσ2

xF
[7] where

ξmin is the minimum mean-square error defined as the mean square error obtained when using the
optimal filter weights and there is no measurement noise present [7]. The excess mean-square error
with measurement noise in the error signal may be written as ξexve

≈ µve

(
ξmin + σ2

ve

)
Lwσ2

xF
[4]

where µve denotes the step size with measurement noise present at the error sensor. Assume that
the same excess mean-square error is wanted with measurement noise present at the error sensor as
without. Thus,

ξexve
= ξex ⇔ µve

(
ξmin + σ2

ve

)
Lwσ2

xF
= µξminLwσ2

xF
(3)

Solving for the step size with measurement noise at the error sensor, µve , yields

µve =
ξmin

ξmin + σ2
ve

µ (4)

Accordingly, to achieve an excess mean-square error with the same level with measurement noise
present at the error sensor as without, the step size needs to be decreased with a factor of the power of
the measurement noise, σ2

ve
. This will also affect the convergence time. If for example µve = µ/10, it

would take 10 times as long for the algorithm to converge with measurement noise at the error sensor
as without.

2.3 The coherence function as a measure of the achievable attenuation

A commonly used theoretical measure of how high attenuation that can be achieved by an ANC
system is given by [2, 3]
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A (f) = −10 log10

(
1− γ2

dx (f)
)

[dB] (5)

where γ2
dx (f) is the ordinary coherence function between the outputs of the reference sensor and

the error sensor with the ANC system turned off, and A(f) denotes an estimate of the frequency
dependent attenuation achieved by the ANC system. Equation (5) provides a simple way to investigate
the possibility of successfully applying ANC to a certain system, by a simple measurement between
the outputs of the reference- and error sensors. The equation for the theoretical attenuation from the
coherence, Eq. (5), can be rewritten as [4]

A (f) = −10 log10

1− |P (f) Sxx (f)|2

(Sxx (f) + Svxvx (f))
(
|P (f)|2 Sxx (f) + Sveve (f)

)
 (6)

where P (f) is the plant, Sxx(f) the power spectral density of the input reference signal without mea-
surement noise, Svxvx(f) the power spectral density of the measurement noise at the reference mi-
crophone, and Sveve(f) the power spectral density of the measurement noise at the error microphone.
Equation (6) indicates that an increased level of measurement noise at the reference microphone
and/or at the error microphone yields a decreased level of attenuation achievable by the ANC system.
For the previously outlined reasons it is highly important to be able to keep the level of turbulence
induced noise in the microphone signals at a minimum when applying ANC to duct noise. Otherwise,
the level of attenuation of acoustic noise generated by the ANC system may be significantly reduced.

2.4 Microphone installations for turbulence rejection

Outer microphone boxes where the microphones are placed outside the duct away from the
direct airflow but with coupling to the duct interior, have proven to be an effective way to reduce
the turbulence induced noise in the microphone signals [3, 5]. However, due to space limitations
and manufacturing aspects, such microphone boxes were not used in the experiments conducted for
this paper. Instead standard spherical foam plastic sleeves with a diameter of 9 cm [4] were used as
windscreens, and microphone placements with minimum subjection to the airflow in the duct and box
were sought.

3. Experimental setup

Measurements were carried out on an experimental setup built at Blekinge Institute of Technol-
ogy (BTH), Sweden. The noise source was an insulated box fan to which 1,5 meters of circular duct
having a diameter of 200 mm was connected to both the inlet side and the exhaust side of the fan box.
The airflow speed inside the duct at the inlet side was 4 m/s. Figure 3 is a diagrammatic illustration
of the experimental setup used for this paper. The insulated box fan (Systemair KVKE 200) consists
of an insulated box in which a radial fan having 7 fan blades is installed, as illustrated in Fig. 1 (a).
The box fan can for example be used as a waste air fan, as illustrated in Fig. 1 (b).

The core of the single-channel feedforward ANC system used for the experiments conducted
for this paper was an EZ-ANC II, manufactured by Causal Systems [8]. The algorithm used was the
time domain leaky filtered-x LMS algorithm and the forward path was estimated off-line using an
FIR-filtered steered with the LMS algorithm [2, 3]. Fig. 3 (a) shows possible reference microphone
positions for the single channel feedforward ANC controller. The primary concern was to attenuate
the noise generated on the inlet side and hence the ANC system was installed on that side as illustrated
in Fig. 3.
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Figure 3. Experimental setup. In a) the setup of the ANC system with different possible reference microphone
positions, and in b) illustration of how the airflow propagates through the duct and the insulated box fan.

4. Results

The measurements presented were carried out on a circular duct system and in the frequency
range of 0-800 Hz which is well below the cut-on frequency for the first higher order acoustic mode
of the ducts in use. The diameter of the duct was 200 mm, corresponding to a first higher order mode
of approximately 1005 Hz if the mean airflow speed in the duct is disregarded [1].
To find a suitable reference microphone position different positions inside the fan box and inside the
duct were evaluated, see Fig. 3. The power spectral density (PSD) of the fan noise measured at the
different reference microphone positions was estimated and are illustrated in Fig. 4.
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Figure 4. Power Spectral Density (PSD) of the reference microphone signal. In a) at positions 2-4 given in
Fig. 3, and in b) at positions 5-7.

For each of the potential reference microphone positions the coherence was estimated between
the reference microphone signal and the error microphone signal. In Fig. 5 a) the coherence between
the reference microphone signal for position 6 and the error microphone signal is shown, and in Fig. 5
b) the coherence between reference microphone signal for position 2 and the error microphone signal
is shown.
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Figure 5. Coherence between the reference- and error microphone signals. In a) with the reference
microphone at position 6 in Fig. 3, and in b) with the reference microphone at position 2.

The power spectral density of the fan noise, measured at the error microphone at the air inlet,
with and without active control, is illustrated in Fig. 6.
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Figure 6. Power Spectral Density of the error microphone signal, blue dashed line with the ANC system off
and red solid line with the ANC system on. The reference microphone was installed at position 2.

5. Summary and conclusions

The fan noise is given by low frequency broadband noise and tonal components related to the
number of blades of the fan and its rotational speed. The dominant frequency is given by rpm ·N/60
Hz, where rpm is the rotational speed of the fan and N is the number of blades. The dominant fre-
quency for this fan with the current setup was found to be 322 Hz (see Fig. 4). Further, the level of
the microphone signal is higher for most frequencies at positions 3, and 5-7 inside the box (compare
Fig. 4 (a) with Fig. 4 (b)). This might be the result of the microphone being more exposed to airflow
inside the box at these positions, than inside the duct. This will lead to a higher turbulence induced
noise component in the microphone signal. The turbulence noise is a factor that reduces the coher-
ence between the reference microphone and the error microphone and hence reduces the performance
of the ANC system and the noise attenuation. In the present experiments, a microphone windscreen
based on a plastic sleeve was used. This windscreen is not sufficient when the reference microphone is

7



16th International Congress on Sound and Vibration, 5–9 July 2009, Kraków, Poland

located close to the fan (inside the fan box). To improve the coherence other microphone installations
are required to reduce the turbulence impact. Then, the fan box configuration needs to be modified
to include a better microphone windscreen configuration. The coherence between the error- and ref-
erence microphones was measured for the different positions of the reference microphone given in
Fig. 3. For the cases with the reference microphone positioned inside the fan box, the coherence
was relatively similar to the coherence between the error microphone and the reference microphone
at position 6, illustrated in Fig. 5 (a). The experimental setup gives a high coherence at the domi-
nant frequency 322 Hz with the reference microphone positioned inside the fan box. However, the
coherence is relatively low for the other frequencies. To improve the performance, the reference mi-
crophone was moved into the duct (see pos.2 in Fig. 3 (a)). This setup resulted in a higher coherence
over a broad frequency range (see Fig. 5 (b)). In this configuration the coherence drops are related
to standing waves in the duct. For these frequencies the reference microphone is located in a sound
pressure node of the sound field, resulting in that this frequency cannot be observed and controlled
by the ANC system. With the reference microphone placed in the position giving the best coherence
(position 2 in Fig. 3) the attenuation achieved by the ANC system of the dominant frequency 322 Hz
was approximately 28 dB. Further, the attenuation of the broadband noise was approximately 5-10
dB between 50 and 200 Hz (see Fig. 6).
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