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Abstract

This paper describes the design of an unmanned aerial vehicle (UAV) mounted system for recording sound from a
targeted source or direction with a minimum amount of noise. The objective of the study is: i) select an optimum
electric motor - propeller combination which minimises the level of unwanted noise from these components at the
microphone positions; ii) design a microphone array configuration suitable for installation on a UAV; and iii) develop
a signal processing algorithm that significantly reduces noise in the recording. The designed system was prototyped
and tested in various scenarios simulated in an anechoic chamber as well as by recordings collected from a system
mounted on a hovering UAV. The system succeeded in reducing the propeller noise level up to approximately 12 dB
compared to the recording by a shotgun microphone. Results of subjective listening tests suggest the quality of the
recording made by the designed UAV mounted system is significantly better than that of the recording by the shotgun
microphone.

Keywords: unmanned aerial vehicle, propeller noise, microphone array, sound source separation, power spectral
density

1. Introduction

Unmanned aerial vehicles (UAVs) are a rapidly grow-
ing technology because of their potential for use in a
wide variety of applications such as filming [1] and
surveillance and monitoring [2]. They have many po-
tential applications and are already widely used for
commercial recording for filming and broadcasting.
Unfortunately, the collectable media is currently con-
fined to image and video but not audio due to the high
levels of unwanted noise severely contaminating the tar-
geted sound. Such noise is generated by the motors and
propellers of the UAVs as well as wind noise in certain
conditions.

A variety of methods can be used to minimise the
level of unwanted noise present in the audio record-
ing. One approach is to use motors and propellers which
have been designed or selected to produce a minimum
level of noise at the microphone positions. Prediction
of this noise is difficult and thus an experimental study
was deemed the most appropriate method of assessing
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different propeller configurations. A number of previ-
ous studies have experimentally investigated the noise
from propellers similar to those used in UAV quad-
copters. For example, Intaratep et al. [3] and Sini-
baldi and Marino [4] investigated the noise produced by
small UAV propellers in an anechoic chamber. Another
approach to reduce the level of recorded noise would
be to devise a way of recording the target sound us-
ing a sophisticated recording system, which typically
consists of both hardware (i.e. microphones) and soft-
ware (i.e. digital signal processing algorithm) solutions.
For hardware, microphones with a sharp directivity (i.e.
directional microphones) such as shotgun microphones
could be utilised for isolating the target sound from the
propeller noise. Alternatively, microphone arrays with
digital signal processing [5] have been used for various
applications because they enable a user to electronically
steer the directivity. There have been a number of previ-
ous studies in which microphone arrays were mounted
on a UAV and utilised sound source separation for the
purpose of recording a target sound with a minimum
amount of unwanted propeller noise [6, 7, 8]. However,
the main focus of these studies were to develop novel
signal processing algorithms, therefore insights regard-
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ing the configuration of microphone arrays are limited.
To address this problem, Ishiki et al. [9, 10] investi-
gated an optimum microphone array design to minimise
the amount of propeller noise contaminating the record-
ing. The method modelled the noise from each propeller
as omnidirectional and obeying a simple inverse square
law. This makes the method straightforward to imple-
ment, but the accuracy of the propeller noise model
could be improved. For example, Sinibaldi and Marino
[4] have shown that propeller noise is strongly direc-
tional and that close to the propeller, an inverse square
assumption may not be appropriate.

This paper presents a design of a UAV mounted sys-
tem for high quality audio recording. Like the study
by Ishiki et al. [10], this study also assumes audio sig-
nals are recorded only when the UAV is in hover. Unlike
previous studies, this study investigates the design prob-
lem holistically rather than addressing only particular
aspects in the UAV system. To this end, three different
research objectives were required in this study:

1. Identify an optimum propeller configuration which
minimised the level of noise at potential micro-
phone positions.

2. Design a microphone array which both minimised
the level of unwanted noise and was configured
such that the signals from the array could be pro-
cessed to achieve good source separation perfor-
mance.

3. Develop a signal processing algorithm that empha-
sised a target sound source.

The overall quality of recorded audio signals was evalu-
ated by conducting experiments using a prototype UAV
mounted system based on the proposed design.

2. Objective1: Propeller blade selection

A series of preliminary experimental tests were un-
dertaken in the anechoic chamber in the Department of
Mechanical Engineering at the University of Auckland.
In these tests, the noise at different observer locations
produced by a range of different electric motor powered
propellers was assessed. Measurements were made us-
ing an array of calibrated 1/2” microphones located on
a single circular arc 1 m from the centre of the propeller
and directly opposite the carbon fibre tube holding the
propeller. Measurements were made at polar angles be-
tween 0◦ and 135◦, with 0◦ being directly on the pro-
peller’s rotational axis above the propeller. No mea-
surements were made at other azimuthal angles. The
propellers were powered by a commercially available
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Figure 1: Two and six blade propellers with microphone angle.

electric motor and 22.2 V DC power supply. 12”, 14”,
15” and 20” diameter 2-bladed, commercially available
carbon fibre propellers with blade pitch angles of 4.5”,
4.8”, 5”, and 6”, respectively, were tested1. Tests were
also conducted with 2, 3 and 4 × 15” diameter propellers
stacked on top of one-another to produce 4, 6 and 8
blade propellers as shown in Fig. 1. Each propeller was
run during testing so that it produced 1.375 kg of thrust,
which was approximately the amount of thrust required
to be produced by one propeller for static hover of the
complete UAV system. All measured spectra contained
a significant number of tones at integer multiples of the
shaft rotation frequency.

A directivity plot of octave band sound pressure level
is shown in Fig. 2 for two separate tests conducted using
propellers with two and six blades, respectively. These
results show that, at 1 m distance from the centre of the
propeller, the overall sound pressure level was minimum
close to the propeller’s plane of rotation. This was typi-
cal of all propeller configurations. These measurements
indicated that placing the microphone close to the plane
of the propeller would likely minimise the noise from
the propellers and motors. Of all the propeller configu-
rations tested, the six-bladed 15” propeller produced the
lowest overall A-weighted sound pressure level at 90◦.

The rotational speed of the propellers of a UAV varies
constantly when in hover to maintain stability. This
variation in rotational speed could affect the noise level
and directivity of the propeller noise. To ensure that the
optimal propeller configuration was selected for the pro-
totype configuration, several promising propeller con-
figurations were also tested outdoors on a UAV in-flight.
To this end, an array of five commercial lapel micro-
phones were mounted on a T-shaped pole 1 m long in
the radial (horizontal) direction from the centre of the
UAV and with the microphones mounted on the verti-

1UAV propellers are typically specified in inches as diameter ×
pitch. The pitch is the theoretical distance that the propeller will move
through the air in a single revolution.
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Figure 2: Octave band sound pressure level plotted as a function of
polar angle for a 2-blade (blue) and 6-blade propeller (orange).

cal part of the T-shaped pole and spaced approximately
90 mm apart. The in-flight tests were limited to 2, 4
and 6 × 15” blade propeller configurations. To account
for variations in flight conditions, the tests were all per-
formed on a calm day (wind speed < 5 kmph) with three
repeat tests of each propeller configuration performed
in a random order. A spectrogram generated from the
signal of one of the microphones mounted on the UAV
showed that each propeller produced tones at slightly
different frequencies (the propellers ran at slightly dif-
ferent speeds), but that the propeller speeds varied only
slightly during hover. This supports the use of con-
stant speed testing in an anechoic chamber as an easier
method of estimating UAV propeller noise during hover.

The Overall A-weighted sound pressure level mea-
sured by each microphone during the in-flight tests is
plotted in Fig. 3 against the angle of the microphone
from the centre of the UAV relative to propeller plane
(0◦ corresponds to the propeller plane). The quietest
propeller configuration at all microphone locations was
found to be the six-blade propeller (which also produced
the lowest noise levels in the anechoic chamber testing).
For this reason the 6 blade propeller was selected for the
final UAV design. The lowest noise level was recorded
at the microphones located 5◦-10◦ below the propeller
plane.
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Figure 3: Octave band sound pressure level measured by microphones
on a UAV powered by 2-blade (blue), 4-blade (orange) and 6-blade
propellers (green) versus angle relative to the propeller plane.

3. Objective2: Microphone array design

An array of microphones was utilised for recording
audio signals and was mounted on a carbon-fibre tube
attached horizontally to the UAV system as shown in
Fig. 4. The position of the microphone array was de-
cided by considering two factors. Firstly, measurements
discussed in Section 2 indicated that the level of noise
produced by a propeller in hover is a minimum close to
90◦ from the propeller axis, i.e. the plane of the pro-
peller. This implies that mounting microphones close to
the propeller plane will minimise the level of propeller
noise included in the microphone observation. Another
reason for adopting the suggested configuration is the
role of microphone arrays. Generally a microphone ar-
ray is good at separating signals arriving from different
directions. Processing of the signals from a microphone
array can be used to separate sounds arriving from dif-
ferent directions. For this reason, the microphone array
was located such that the target source was located in
a much different direction (relative to the microphone
array) to the unwanted UAV noise sources.

The microphone array consisted of two sub-arrays:
the Front Array and the Rear Array. The Front Ar-
ray comprises one shot-gun microphone (Rode NTG-1)
and three uni-directional microphones (JLI Electronics
JLI-165A-T). The shot-gun microphone was installed at
the end of the carbon-fibre tube pointing towards the
target sound source location. The uni-directional mi-
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Figure 4: Prototyped UAV recording system equipped with the de-
signed microphone array.

crophones are located around the shot-gun microphone
forming a circular array; their directivities also point in
the same direction as that of the shot-gun microphone.
On the other hand, the Rear Array is composed of an-
other two uni-directional microphones whose directiv-
ities point inwards, towards the location of the UAV
propellers. Uni-directional microphones are used to en-
hance the signal generated by these microphones due to
sound propagating from the direction in which they are
pointed. All six microphones are located within ±10◦

from the plane of the propellers (i.e. 80 − 100◦ in the
polar angle) where the minimum propeller noise level
would be expected. The microphone array weighs 0.51
kg and adds a moment of approximately 2.8 N.m about
the centre of the UAV. This moment was balanced by
placing the heavy battery pack on the opposite side of
the centre of the UAV. This does have the effect of in-
creasing the rotational inertia of the UAV in pitching
motions which does slightly affect the stability of the
UAV in flight.

4. Objective3: Sound source separation algorithm

The sound source separation algorithm aims to ex-
tract signals from the target sound source located in
front of the microphone array while suppressing other
interfering noise arriving from L different angles. The
interfering noise includes the propeller noise and other
unwanted sound such as ambient noise in the recording
environment.

4.1. Input signal model
Let Xm(ω, t) be the short-time Fourier transform

(STFT) of the input signal of the microphone m where
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Figure 5: Block diagram of the sound source separation algorithm.

ω and t denote the angular frequency and frame in-
dex, respectively. The input signal of the microphone
array can be formulated in a vector form, x(ω, t) :=
[X1(ω, t), · · · , XM(ω, t)]T , given by

x(ω, t) = aθ0 (ω)S (ω, t) +

L∑
n=1

aθn (ω)Nθn (ω, t) + v(ω, t),

(1)

where T denotes transpose and S (ω, t) and Nθn (ω, t) are
the signals generated by the target sound source lo-
cated at θ0 deg and the n-th spatially coherent interfer-
ing noise source located at θn, respectively. Assuming
that the UAV operates in an outdoor environment, in
which sound propagates unaffected by reflections, aθ(ω)
is modelled by the steering vector for plane wave in free
field [11]. v(ω, t) := [V1(ω, t), · · · ,VM(ω, t)]T is the
vector consisting of the incoherent noise of m-th micro-
phone Vm(ω, t) such as diffuse components of the ambi-
ent noise, wind noise and microphones’ internal noise.

Several assumptions need to be imposed to the mod-
elling set above. Since the sources of coherent interfer-
ing noise are different from the target sound, the signals
are assumed to be mutually uncorrelated. Likewise one
could also assume that the incoherent noise is stationary
and is uncorrelated with the target sound and the coher-
ent noise. It is also assumed that the angle of both the
target sound and coherent interfering noise are given a
priori. The designed sound source separation algorithm
aims at extracting the target sound signal S (ω, t) from
the noisy input signal of the microphone array x(ω, t)
under these assumptions.

4.2. Sound source separation algorithm

Fig. 5 shows the block diagram of the sound source
separation algorithm which adopts the framework of
beamforming with post-filtering [5]. In order to derive
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the post-filter, accurate estimates of the PSD of the tar-
get sound and both the coherent and incoherent noise
sources are required. To this end, an algorithm extends
from the PSD estimation in beamspace [12] is devel-
oped.

4.2.1. Beamforming with Wiener post-filter
Beamforming is first applied to the input signals of

the microphone array in order to create a sharp di-
rectivity pointed towards the target speaker. A fixed
beamforming designed by the minimum variance dis-
tortionless response (MVDR) [11] is adopted. The
output of the beamformer is calculated as Y0(ω, t) =

wH
0 (ω)x(ω, t), where H denotes the Hermite transpose.
The Wiener filter is used as the post-filter defined by

H(ω, t) =
φS (ω, t)

φS (ω, t) +
∑N

n=1 φNθn
(ω, t) + φV (ω, t)

, (2)

where φS (ω, t), φN(ω, t) and φV (ω, t) denote the instan-
taneous PSD of S (ω, t), Nθn (ω, t) and V(ω, t), respec-
tively. The instantaneous PSD of an arbitrary signal
X(ω, t) may be calculated by using Welch’s method [13]
given by φX(ω, t) = αφX(ω, t − 1) + (1 − α)|X(ω, t)|2,
where α is a forgetting factor.

Once the Wiener filter is calculated it is applied to the
output of the beamformer, providing

Z(ω, t) = H(ω, t)Y0(ω, t), (3)

which is then transformed back to a time domain sig-
nal by inverse STFT to acquire the final output of the
recording system.

4.2.2. PSD estimation in beamspace
We extend the PSD estimation in beamspace [12] to

estimate the PSD of signal components required to de-
rive the Wiener filter in (2), i.e. φS (ω, t), φN(ω, t) and
φV (ω, t). Since the signals are assumed to be uncorre-
lated, the instantaneous PSD of the beamformer’s out-
put can be approximated as

φY0 (ω, t) ≈ G0,θ0 (ω)φS (ω, t)

+

N∑
n=1

G0,θn (ω)φNθn
(ω, t) + φṼ0

(ω, t), (4)

where G0,θ(ω) := |wH
θ (ω)a0(ω)|2.

Now assume L more MVDR beamformers are ap-
plied to the microphone array observation in addition to
the beamformer introduced in Section 4.2.1. The beam-
formers are designed to point their beams to each angle
of the coherent interfering noise θn. The PSD of output

signals of (L + 1) MVDR beamformers can be repre-
sented in a form of a simultaneous equation
φY0

φY1

...
φYL

︸︷︷︸
ΦY (ω,t)

≈


G0,θ0 G0,θ1 · · · G0,θL

G1,θ0 G1,θ1 · · · G1,θL

...
...

. . .
...

GL,θ0 GL,θ1 · · · GL,θL

︸                             ︷︷                             ︸
G(ω)


φS

φNθ1
...

φNθL

︸︷︷︸
ΦS +N (ω,t)

+


φṼ0

φṼ1
...
φṼL

︸︷︷︸
ΦṼ (ω,t)

.

(5)

Note that ω and t are omitted for brevity in (5). Since
the incoherent noise Vm(ω, t) is assumed to be station-
ary, the PSDs in ΦṼ (ω) can be estimated by taking the
minimum value of a temporally smoothed PSD of each
beamformer in a time interval [14]. As the elements in
the matrix G(ω) can be calculated in advance, the PSDs
of the target sound and coherent noise are estimated by
solving the simultaneous equation after subtracting the
PSD of incoherent noise given by

Φ̂S +N(ω, t) = G−1(ω)
(
ΦY (ω, t) − Φ̂Ṽ (ω, t)

)
, (6)

where ·̂ denotes an estimated value. These estimated
PSDs substitute the values in (2) that provides the
Wiener filter.

5. Performance evaluation

Experiments were conducted to test the performance
of the overall UAV system for audio recording.

5.1. Experimental setup using prototype UAV system

A prototype UAV system equipped with the micro-
phone array shown in Fig. 4 was utilised for the experi-
ments. The UAV platform was based on an Aeronavics
XM-8 frame with propulsion elements. The UAV also
carried a Zoom H6TMrecorder with a combo capsule to
enable the system to accommodate six microphone in-
puts. Different microphones were utilised for the mi-
crophone array as summarised in Fig. 4. Audio signals
were recorded at a sampling rate of 44.1 kHz. The frame
for the STFT had 2048 samples and was shifted by half
the frame size. The forgetting factor α was set at 0.4.
Specifications of the MVDR beamformers used were all
the same as those reported in [7]. As the performance
metric of sound source separation, signal-to-propeller-
noise-ratio (SPNR), which quantifies the power ratio of
the target speech specifically to the power of the pro-
peller noise, was utilised.
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Figure 6: Performance of the proposed method in real outdoor envi-
ronment.

5.2. Objective evaluation
The target speech spoken by a male speaker and pro-

peller noise were recorded separately by fixing the UAV
at its hovering position in an open field, then they were
summed up to acquire the actual observation at vari-
ous input SPNRs. Fig. 6 shows the improvement of
the SPNR from the original recording of Microphone
1. The result shows the amount of noise reduced is
maximised when the input SPNR is around −10 dB. It
has been observed from recordings made during actual
flights that the input SPNR is generally between −10
and 0 dB depending on the distance and volume of the
target speaker. Thus the proposed sound source separa-
tion algorithm should perform effectively in most cases
encountered in practice. It is worthwhile to note that
the performance of the proposed method also degraded
when the input SPNR was very high. This could be ex-
plained by the fact that the proposed method relies only
on acoustical measurement; e.g. when the input SPNR
is very high, amount of leakage of the target sound into
the signals received by the microphones of Rear Array
becomes high resulting in poor estimate of the PSD of
rotor noise.

5.3. Subjective evaluation
The quality of the sound signals before and after ap-

plying the proposed sound source separation algorithm
was evaluated by conducting a subjective listening test.
The test evaluated the raw signals recorded by the Mi-
crophone 1 during the actual flight seen in the demon-
stration video [15] and the output of the source sepa-
ration algorithm using the same recordings. The ex-
perimental procedure followed the ITU-T recommen-
dation P.835 [16] except the number of participants be-
ing smaller than that specified by the recommendation;
i.e. 12 participants recruited from the authors’ research
group (aged 22 to 28 years old) participated the test. All
participants self-reported that they had normal hearing.
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Figure 7: MOS rating of subjective listening tests. Higher MOS score
means the quality of the signal is better. The red line shows the median
and the upper and lower edges of the box show the 75% and 25%
quartiles of the distribution, respectively.

Fig. 7 shows the distribution of the mean opinion
score (MOS) collected from the test for each of three
criteria. Wilcoxon signed rank test was applied to the
results, which suggest differences in the medians be-
tween the raw and processed signals were significant
with p < .01 for all three criteria. Although the quality
of the target speech was slightly degraded by the source
separation, which would have been caused by some dis-
tortion in the target speech, the facts that scores of both
overall and noise increased mean the proposed system
successfully improved the overall quality while min-
imising the detrimental effect of noise from the record-
ings collected by a flying UAV.

6. Conclusion

The design of a UAV system for high quality audio
recording has been reported. The study took a holis-
tic approach to maximise the overall quality of recorded
signals by focusing on three research objectives: 1) pro-
peller/motor configuration selection, 2) microphone ar-
ray design, and 3) design of sound source separation
algorithm.

The first objective was met by conducting an exper-
imental investigation to assess the noise produced by a
range of different UAV propellers powered by electric
motors. This study showed that a six-blade 15” pro-
peller produced a minimum level of noise close to the
propeller plane (close to a polar angle of 90◦). These
findings have been exploited in the design of the micro-
phone array and sound source enhancement algorithm.
The decision was made to place the microphone array
comprising of two sub-arrays, i.e. Front Array and Rear
Array, on the same plane of the propellers. The Front
Array was utilised to focus on the target sound source
while the Rear Array was used to acquire the propeller
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noise as reference. The sound source enhancement al-
gorithm adopted the framework of beamforming with
Wiener postfilter. The Wiener postfilter was calculated
by estimating the PSD of the target sound, interfering
sound, and propeller noise separately using the output
of multiple beamformers.

Results of practical experiments using a prototyped
UAV system revealed the designed system will be able
to record a target source by sufficiently reducing noise
from the propellers. In addition, the subjective listening
test has shown that the quality of the overall recording
is improved by the designed system.

A weakness of the system discovered in the experi-
ments is its performance degradation with extreme cases
where the input SPNR is very high/low. Although this
study assumes that the recording is made only when
the UAV is hovering, and both the target and interfer-
ing sources are in stationary positions, there would be
a situation where either/both sound sources or/and the
UAV are moving. Exploring solutions of these more
challenging scenarios remains as an open problem for
future studies.
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