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In voice communication in windy outdoor conditions, complex velocity gradients appear in the

flow field around the source, the receiver, and also in the atmosphere. It is commonly known that

voice emanates stronger towards the downstream direction when compared with the upstream

direction. In literature, the atmospheric effects are used to explain the stronger emanation in the

downstream direction. This work shows that the wind also has an effect to the directivity of voice

also favouring the downstream direction. The effect is addressed by measurements and simulations.

Laboratory measurements are conducted by using a large pendulum with a loudspeaker mimicking

the human head, whereas practical measurements utilizing the human voice are realized by placing

a subject through the roof window of a moving car. The measurements and a simulation indicate

congruent results in the speech frequency range: When the source faces the downstream direction,

stronger radiation coinciding with the wind direction is observed, and when it faces the upstream

direction, radiation is not affected notably. The simulated flow gradients show a wake region in the

downstream direction, and the simulated acoustic field in the flow show that the region causes a

wave-guide effect focusing the sound in the direction.VC 2018 Acoustical Society of America.
https://doi.org/10.1121/1.5025063

[NX] Pages: 1173–1181

I. INTRODUCTION

It is commonly known that in windy conditions the

voice of an utterer may be obscured by a listener in the

upstream direction although heard clearly by a listener in the

downstream direction at equal distances from the source.

This might seem a simple phenomenon at first glance.

However, if one studies in detail the acoustic communication

chain in windy conditions, it is easy to notice that the mov-

ing medium may have an effect on many parts of the chain.

The presence of the source, the receiver, and other objects

and surfaces cause complex velocity gradients in the flow

field. The movement of the medium might thus affect the

sound generation in the source, the radiation from the source,

the transmission through the atmosphere, and also the arrival

of the sound at the listener.

In textbooks the effect causing the clearer hearing in the

downstream direction is explained by refraction in the atmo-

sphere. The wind speed is lower near the ground and

increases with altitude causing a speed gradient in the flow

field that bends the sound waves towards the ground in the

downstream direction, and towards the zenith in the

upstream direction.1 This effect, however, requires tens of

meters of distance between the source and the listener to be

prominent.

It is not generally known if the atmospheric effects are

the only effects explaining the better audibility of voice in

the downstream direction. It is an open question if the other

parts of the acoustic communication chain are also affected

by the movement of the medium, and if they are affected,

does the effect contribute in the audibility of sound in the

directions of up- and/or downstream. This work addresses

the effect of wind to directional radiation from sources with

similar dimensions with human source. The motivation for

the study was that intuitively it seemed clear that the pres-

ence of a human body causes relatively strong velocity gra-

dients in the flow field around the head, which might cause

refractive effects in the emanation of sound waves from the

mouth, whose effects to sound radiation were undocu-

mented. This study shows that the wind also has an effect on

directional radiation of voice favoring the downstream direc-

tion, which coincides with the common knowledge. The

measurements are conducted first with a loudspeaker and

second with a human subject in flow. Numerical simulations

are conducted to further explain the mechanism causing the

measured effects.

II. BACKGROUND

The human voice production system2 resembles a

vibrating piston in a rigid sphere, or in a rigid cylinder, with

diameter on the order of 15–30 cm. The measured directional

patterns of the human singing voice,3 and that of an artificial

head4 show that the human voice is almost omnidirectional

at frequencies below approximately 1 kHz, radiating only a

few decibels lower level to the rear hemisphere than to the

frontal hemisphere. When the frequency exceeds 1 kHz, the

response in the rear hemisphere drops in level and demon-

strates complex directional lobe structures that depend on

frequency; and at 4 kHz, the voice attenuation is approxi-

mately 10–20 dB. The spectral energy in shouted speech

sounds is mostly distributed to the frequency range of

0.3–3 kHz with the most prominent peak between 1 anda)Electronic mail: ville.pulkki@aalto.fi
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2 kHz.5 The spectral peak thus exists in the region where the

voice is notably directional, and also where the wavelengths

of sound are of the same order with the diameter of the

source.

The effect of flow on radiation from point-like sources

has been studied theoretically. When a point-like source is

placed into a medium with static flow, it radiates with higher
level towards the upstream direction, and with lower level

towards the downstream direction.6,7 In the upstream direction

the pressure is amplified by a factor of (1 þ v/c)2/(1 – v/c)2

when compared to the downstream direction, where v is the

speed of flow and c is the speed of sound, and no effect is

seen in the side directions. With a flow rate of 12m/s, this

means that sound should be amplified by 0.6 dB towards the

upstream direction and attenuated by 0.6 dB towards the

downstream direction. This effect is referred to as convective

amplification,8 and it has been verified in measurements in

ducts,9 with wind turbine blades,10 and with high-speed

trains.11

When the human is in flow, complex patterns of flow

gradients and turbulence are caused by the presence of the

source.12 Such gradients have been studied in the context of

microphone wind shields, and they are visualized for simpli-

fied geometries in Ref. 13. In Ref. 6 it is stated that the con-

vective amplification effects may not hold with volumetric

sources, especially at frequencies above the limit where the

wavelength is of the same order with the dimensions of the

source, although no further evidence or analysis is given. In

the case of human source, the major radiation happens in the

frequency region where the wavelength is of similar dimen-

sion with the source itself, and it can be assumed that the

assumption of the point-like source is not valid generally

with human voice.

A detailed overview of theories and their approxima-

tions of sound propagation in moving inhomogeneous media

is provided in Ref. 14. However, the authors are not aware

of theoretical- or measurement-based studies that would

address the effect of flow gradients around a sound source

similar to the human voice. A related field is the research of

sound radiation from vehicles moving in air or water by

using propellers or jets. A complex flow field is caused

around the vehicles also in these cases, although the pres-

ence of the jet makes the flow field different in structure

from the flow fields caused by wind around human subjects.

Nevertheless, for example in the case of jet planes, the flow

field caused by the vehicle has a strong effect on the directiv-

ity of the source.15

III. MEASUREMENTS

Ideally the effect of wind to voice should be measured

with a real human subject in windy natural conditions.

However, in natural conditions the flow of the air is dis-

turbed by unpredictable gusts, and also the calibration of the

measurement system is not possible since the wind cannot

be stopped. The repeatable generation of flow would be pos-

sible in wind tunnels. However, the reflections from the

walls of tunnels, prominent reverberation, and fan noise

would make it difficult to extract the effect of flow to the

radiation pattern.

In this work we chose to create the flow by moving the

source with constant velocity through the air. Due to the rela-

tivity of motion, the air particles can be interpreted to move in

relation with the source, which equates to a steady flow. An

advantage of the method is the easy calibration of the system

when the source is stationary. This method is commonly used

in the audio industry for testing microphone wind shields.16,17

In the laboratory tests, a pendulum was used to move a deter-

ministic sound source through the air (see Fig. 1), and in the

practical measurements a car was used to move a real human

shouter through the air (see Fig. 2).

A. Loudspeaker in anechoic chamber in flow
generated by a large pendulum

A spherical loudspeaker with a diameter of 0.3m was

built for the purpose having similar dimensions with human

head. Therefore, it is assumed to generate similar flow gra-

dients around the source as is generated around the human

head. Two different sources were utilized to produce sound.

A simplified physical model of the vocal tract (tract source)

simulates sound generation in voiced utterances such as

vowels, and a source flush-mounted on the surface (piston

source) simulates sound generation in unvoiced utterances

with sound generation near the lips.

When the pendulum is released from upmost position, it

accelerates rapidly the loudspeaker, and a stable speed is

obtained for approximately 85ms around the central position

of the chamber, where the loudspeaker emits the measure-

ment signal. Only the first swing of the pendulum is used in

measurements to avoid uncontrollable effects in flow field

due to previous swings. The instantaneous speed of the sour-

ces was computed from the measured angular speed of the

pendulum. The speed of the tract source was on average

12.7m/s during the measurement window with a standard

deviation of 0.08m/s, and correspondingly 13.2m/s average

FIG. 1. (Color online) The pendulum used to create air flow around the

source to measure the effect of 12.7–13.2m/s flow to directional pattern.

The device was built inside a large anechoic chamber.
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with 0.13m/s standard deviation with the piston source. The

loudspeaker moved for 108 cm and 19� during this time

period for the tract source, and the distance attenuation and

frequency shift was compensated in the microphone signals.

The processing thus compensates the relative movement of

the loudspeaker and the microphones, and the result corre-

sponds to the situation where the loudspeaker and the micro-

phones are static with each other, and only the air is moving

in between them.

The system can be considered to have the following

advantages: the pendulum setup provides ideal flow relative

to the source, as no other flow effects are present than those

generated by the movement of the loudspeaker; the environ-

ment is also silent, and the source signal is deterministic,

being a multitone; and the microphones are static with

respect to the air, thus no noise or other effects of flow are

present on response. The downsides of the system are that

the measurement time is relatively short, that the path is

slightly curved, and that the Doppler effect has to be

cancelled.

B. Real human voice source

To investigate whether the controlled measurement

results concurred with a real human source, a measurement

with a subject was arranged. In the measurements, the sub-

ject was standing through the roof window of the car. The

microphone setup was also built on top of the car, and two

close-by microphones were used to estimate the signal radi-

ated from the mouth. The car was driven back and forth on a

taxi road of an airport on a calm day. The system is shown in

Fig. 2.

The advantages of this method are that the source is real

and the air flow around the subject corresponds realistically

to natural windy conditions. However, there are a number of

uncontrollable sources of error in this system, including: the

signal is not deterministic and repeatable, the microphones

are also positioned in air flow generating noise (potentially

generating effects in directional patterns of them), the radi-

ated signal is estimated with microphones outside of the

mouth (the flow may affect the response from mouth to the

close-by microphones), the flow turbulence causes back-

ground noise, and the external wind may affect the direction

of flow. To partially overcome these problems, the measure-

ments were repeated several times, and only the data with

high signal-to-noise ratio were included in the results. The

frequencies above 2 kHz are not included in the plots, since

the reference measurements with a small source revealed

anomalies, which were clearly due to the effect of the flow

on the directional patterns of the microphones. Furthermore,

to emphasize the effect of flow on directional pattern of

mouth in graphical representation of data, the omnidirec-

tional average of radiation is normalized out from the

responses.

IV. SIMULATIONS

To verify the measurements, a computational simulation

of the flow field and furthermore the acoustic field in the

simulated flow field was conducted for the measurement

setup in anechoic chamber. The advantages of this approach

are that sound field can be directly monitored at any point,

the geometry of the system and the flow field are known pre-

cisely, and also the simulated sound field can be visualized.

The simulation was conducted by assuming a steady-state

flow around the source, thus no time-varying changes in the

flow field are not taken into account, and the simulation

result has to be considered as a snap-shot of the flow-caused

conditions. The disadvantage of the system is that it is not

known if the computational model accurately simulates the

immensely complex phenomena in sound field caused by

temporally and spatially varying real flow field.

A. Simulation of air flow

In this work, the Ansys CFX5 software is used to com-

pute the time-independent flow field (the steady-state prob-

lem). As the turbulence model, the shear-stress transport

model18 is used. In general, the transport model combines

the robustness of the k-e model19 with the accuracy of the k-

x model,20 making it applicable to a wide variety of turbu-

lent flows. The problem geometry is a box [0, 1.5] � [�1.5,

1.5] � [0, 1.5] m3 including the scatterer. The scatterer is

placed at the origin and hence only one quarter of the total

scatterer geometry is included in the model. Furthermore,

the vocal tract is assumed to be parallel to the y-axis. The
boundary conditions are chosen as follows: Scatterer geome-

try has the no-slip condition, planes x¼ 0m and z¼ 0m

have the symmetry condition, planes x¼ 1.5m and z¼ 1.5m

have the free slip condition, and finally boundaries y¼ 1.5m

FIG. 2. (Color online) The system for

measurements of the effect of flow to

directional radiation from a real subject.

16 microphones and two wind speed

meters surround the subject, two head-

mounted microphones capture the radi-

ated signal, and the position of the head

is kept constant via a head rest. 12m/s

flow is generated by driving back and

forth on a taxi road of an airport.
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and y¼�1.5m have the outlet or inlet condition depending

on the studied flow condition. The inlet velocity was 12m/s.

For the computational grid used in the flow field calcula-

tions, the maximum element size was fixed to 1 cm inside

the origin-centered 1.15m radius circle. Furthermore, on the

surface of the scatterer five inflation layers were used with a

growth rate of 1.2. The maximum element size in other parts

of the geometry was set to 25 cm. As a material model,

default parameters given to air at the temperature of þ25 �C
were used. Finally, as a convergence criteria for the iteration,

a root-mean-square (RMS) value of 10�5 for the residual tar-

get was used.

B. Acoustic simulation

In this study, the discontinuous Galerkin (DG) finite ele-

ment method,21 together with the explicit low-storage

Runge-Kutta22 time stepping scheme was used as the simula-

tion software for time-depended acoustic wave propagation

(linearized Euler equations) in a non-uniform mean flow.

The mean flow field was interpolated from the steady-state

CFD simulation explained in Sec. IVA. In general, DG

method has been applied to simulate acoustic waves in vari-

ous studies.23–27 A detailed account of the method can be

found in Ref. 21.

As a simulation geometry, a sphere with a radius of

1.15m was used. Identically to the problem geometry used in

the air flow simulations, the scatterer (loudspeaker) is also

placed at the origin and the vocal tract is facing towards the

positive y axis. Propagation medium is air with speed of sound

346m/s and density 1.2 kg/m3. As the boundary condition

setup, the following was used: The sound source is introduced

on the vibrating surface (at the end of the vocal tract) using

the velocity inlet condition, while the other surfaces of the

scatterer are modeled as a rigid wall. On the exterior surface,

the outflow condition was used. In addition, a thin sponge

zone was used to improve the outflow condition.

Acoustic simulations were performed on a computa-

tional grid having five tetrahedral elements per wavelength

at the minimum. Furthermore, fifth-order basis functions

together with zero initial condition were used in all simula-

tions. As the computing infrastructure, a massively parallel

processor supercomputer produced by Cray Inc. called

Sisu28 (belonging to the XC40 family) was used.

V. MEASUREMENTAND SIMULATION RESULTS

A. Simulation with point-like source in flow

A reference simulation was conducted for a point-like

sound source in a constant 12m/s flow in all positions of the

field. The simulation result follows the convective amplifica-

tion phenomenon, as in sound field an amplification of

0.6 dB in upstream direction and an attenuation of 0.6 dB in

downstream direction resulted in, independent of frequency.

B. Source oriented towards upstream

The effect of flow on the radiation pattern is shown in

Fig. 3. The radiation into the frontal hemisphere is either

attenuated slightly or is not affected at all by the flow in

pendulum measurements. In the rear of the source, some

complex patterns can be observed with either positive or

negative effect to the original directional pattern, which sug-

gests that the flow affects the diffraction around the source

in a notable way.

A deviation from the general trend is that at frequencies

above 6 kHz, the tract source changes its radiation character-

istics drastically. The frequency matches the wavelength

where the first modes of the tract that are transversal to the

main axis appear. It would appear that the flow affects the

radiation differently for longitudinal modes and transversal

modes of the tract.

The pendulum measurements with both source types

produced very repetitive results and thus low (<0.3 dB) stan-

dard deviation in magnitude responses in the frontal hemi-

sphere. Only in directions in the rear hemisphere of the

source there are some slightly higher deviations (�0.4–

0.7 dB), which is attributed to temporal instability of flow

gradients affecting the diffracted sound differently at each

measurement.

The measurements with the human source have to be

considered less reliable than laboratory measurements due to

many uncontrollable effects in the measurements. However,

the average effect to radiation is minor and shows no clear

trend with direction, and the measurement produced rela-

tively low standard deviation (<0.4 dB) in most frequency-

direction analysis positions.

The simulations shown in the right column of the figure

show good agreement for the rear hemisphere of the source,

where similar effects with two lobes can be observed than

with the corresponding tract-source measurement. The

results with frontal hemisphere differ somewhat from the

measurement result. At frequencies between 1 and 2 kHz, an

amplification of the magnitude response of about 0.3 dB was

measured towards the front that is somewhat higher response

than with measurement results, and somewhat smaller

response than with the convective amplification phenomenon

of 0.6 dB in this case. However, the effect vanishes at higher

frequencies, where a relatively good match with measure-

ments is again seen with the response of �0.1 dB.

To compare the results measured with different sources,

a frequency average from the effect functions is measured

with each source. The average is taken over the range of the

highest spectral peak of the voice source, between 800 and

2500Hz, and they are shown in Fig. 4 for each source. To

facilitate comparison, the average level has been scaled to

0 dB with each source. In general, the results from different

sources are similar. Quite interestingly, the pendulum sour-

ces show an attenuation of about 0.5 dB in frontal directions

and at most regions in the back directions an 0.5 dB amplifi-

cation, whereas the human source and to the simulation

results show no clear dependency on direction.

C. Source oriented towards downstream

The results from the measurements and simulations are

shown in Fig. 5. Perhaps the most salient effect found in this

work is that all cases show a clear beam towards the front

direction of the source. With the pendulum and human voice
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measurements the amplification ranges up to 1.5 dB, and

simulations even up to 4 dB in a very narrow beam.

The broader beam in the measurement results than in

the simulation results is evidently caused by the fact that in

the measurement the real flow field in the downstream direc-

tion is not temporally stable, which affects the direction of

the beam and subsequently smears it in space. Such temporal

instabilities of the flow field were not included in the simula-

tion. The standard deviation of the results is still relatively

low around the measured beams especially with pendulum

measurements, which leads us believe that the beaming

effect shown in the results is real. Even with human mea-

surements the standard deviation is very low (<0.3 dB)

directly in the front of the source at frequencies above

700Hz, where the beam is the most salient. Similarly with

upstream-case measurements, complex effects in the rear

hemisphere of the source are found, and the simulation also

shows similar patterns.

As with upstream-facing sources, a comparison of the

wind-induced effects between each source is shown in Fig. 6

as averages over frequency band between 800 and 2500Hz.

In general, the results from different sources are coherent.

Each source type exhibits a similar lobe in the front, and in

the rear hemisphere the sidelobes caused by the wind appear

with the same directions and with similar amplitudes.

The simulated flow field in Fig. 5 can be used to explain

the beaming effect. In this case the slower flow movement in

the long wake region in the frontal direction of the source

slows down the sound ray, as illustrated with the yellow

arrow. The faster flow outside the wake region then bends the

sound rays towards the front direction illustrated by the green

arrow. The tubular region of wake therefore acts similarly as a

wave guide. In the upstream case shown in Fig. 3, the tubular

wake region does not have such a significant effect, since the

source itself is not positioned inside the region.

The simulation also shows high flow speeds on the sides

of the sources. This is the dominant region for sound diffrac-

tion towards the directions in the rear, and the large flow gra-

dients evidently cause the changes in radiation to the rear

directions.

VI. DISCUSSION

The measurement results indicate that in windy condi-

tions human voice radiates with higher efficiency towards

the downstream when facing it. The existence of the effect

with other sources than with human voice is now discussed.

The cause of the effect is attributed to the slower sound

velocities in the wake region and the baffle surrounding that

creates a local waveguide for channeling the sound radiation.

The authors speculate that the same effect may exist in other

common situations found in the daily life, either in windy

conditions or with moving sources. For example, when the

wind flows around a chimney, or around a house in open

space, a similar wake region is formed. The differences in

FIG. 3. Sound source facing upstream. Top row: the effect of flow on magnitude response at 1/3-octave frequency bands (x axis) depending on azimuth angle

(y axis), where 0� is the orientation of the sound source. Bottom row: Corresponding standard deviations for measurements (n¼ 3 for pendulum, n> 24 for

human source). The approaches for measurements or simulation are tabulated above columns. On bottom right is shown the simulated speed of flow around

spherical loudspeaker with tract source.

FIG. 4. The averaged effect of flow on upstream radiation on major speech

frequencies. The results in Fig. 3 have been averaged over the frequency

band, and the overall average of each source has been normalized to 0 dB.
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sound speed caused by the wake region would potentially

cause the sound emanated from the source to radiate with

higher efficiency to the downstream direction. Another

example of potential existence of the effect is with moving

emergency vehicles equipped with a siren or a public address

loudspeaker. The positioning of the sound source in relation

to the wake region caused by the vehicle may affect the

sound radiation from it.

The article thus adds some knowledge of the effects of

wind on sound radiation from humans. It is noted that this

work probably does not resolve totally the effects of wind to

the communication channel from human voice to human lis-

tener in windy conditions. There may also exist other

unknown phenomena. It is indicated in the results that the dif-

fraction is affected by the flow, and also that the radiation

from mouth is affected largely at frequencies where the trans-

versal modes of the vocal tract appear. These phenomena are

very likely to change the self-audition of the utterer, as their

own voice may be perceived differently when facing upstream

or downstream from the wind. Furthermore, the flow gradients

around the distant listener may also affect his/hers perception,

as when the voice is radiated towards upstream, it will arrive

at the listener from the direction of downstream. Therefore,

the listener-caused flow gradients on the propagation path of

sound may potentially cause lower reception of sound. These

phenomena are left as subjects for future studies.

VII. CONCLUSION

In windy conditions the presence of flow gradients

caused by the human voice or by other sources with similar

dimensions affects the sound radiation in such a way that

sound is focused towards the downstream, provided that the

source is facing it. This is explained by the focusing effect

due to the flow gradients in the wake region generated by the

sound source. This is observed with two different measure-

ment approaches with different potential sources of error,

and also in numerical simulations of ideal flow conditions.

It is concluded that the strong flow gradients near the sur-

face of the source have an effect on how sound is diffracted

around it. Strong direction-dependent effects on diffraction pat-

terns are found in simulation results, which concur with the

complex patterns found in corresponding measurements.
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APPENDIX A: METHODS

1. Electroacoustic source in pendulum

The measurements in the anechoic chamber were con-

ducted with the setup shown in Fig. 1. The pendulum mea-

sured 328 cm from the pivot point to center of the source. An

FIG. 5. As Fig. 3, but with sound source facing downstream.

FIG. 6. The averaged effect of flow on downstream radiation on major

speech frequencies. The results in Fig. 5 have been averaged over the fre-

quency band, and the overall average of each source has been normalized to

0 dB.
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added mass of 70 kg was placed 60 cm down from the pivot

point to adjust the mass distribution of the body to maximize

the angular velocity. The pendulum was raised to its initial

angle of 90� by means of an electric chain hoist and perma-

nent holding magnet with an electrical demagnetization coil.

This allowed for a repeatable release of the pendulum. The

angular rotation of the pendulum was monitored with a non-

contact angle sensor.

In the case of the tract source, a moving coil cone driver

(Eighteen Sound 3FE20) with 7 cm nominal diameter was

coupled to a 17.5 cm long tube with diameter of 2.6 cm. The

other end of the tube was flush-mounted with the surface of

a spherical baffle. For the piston source a Peerless 830970 2

in. moving coil cone was flush-mounted directly to the baf-

fle. The diameter of the sphere was 30 cm and it was made

out of polycarbonate. The rear of the driver was enclosed in

to an additional sealed volume inside the baffle.

A circular microphone array around the rest position of

the pendulum was used to capture the directional response of

the sources. The array consists of 24 microphones with 15�

spacing and 2.5m radius as shown in Fig. 1. The micro-

phones that were placed at directions of 0�, 45�,…, 315�

were G.R.A.S 46AF 1/2 in. free-field microphones and the

remainder were Rode NT1-A large-diaphragm microphones

with a cardioid pattern.

A multitone signal with 56 logarithmically spaced sine

components between 100Hz and 10 kHz was generated. The

reference response was measured by playing back the signal

with the pendulum in the rest position, and after this the

response in flow was recorded during the first swing of the

pendulum. The pendulum was stopped before the start of

each measurement. The sampling rate was 48 kHz, and an

analysis window of 4096 samples around the time position

corresponding to the lowest position of the pendulum were

taken for analysis. The variation of distance at each time

instance from the source to microphones was compensated

by resampling and by compensating for the distance attenua-

tion. The signal-to-noise ratio (SNR) of the recordings were

measured by swinging the pendulum with and without sound

generation. It was found, that at frequencies �2kHz the SNR

is higher than 30 dB at all radiation directions, and with fre-

quencies above 4 kHz a slightly lower SNR of 20 dB is

obtained in some cases, in the rear hemisphere of the source.

2. Human voice in vehicle-generated wind

The subject stood out of the roof window, with mouth

elevated from the top of the car by approximately 45 cm. A

neck rest was used to keep the subject in constant distance

from the microphones. A microphone array, two wind speed

sensors, and the neck rest were mounted to a frame on top of

the car. The microphones were positioned at the mouth level

in directions [0�, 22.5�,…, 360�] within distance of 90 cm.

DPA 4060 lavaliere electret condenser microphones

were used in the measurements, and they were covered first

with foam windshields and second with furry Rycote wind-

jammers to minimize noise caused by turbulence around the

microphones. Two Inspeed Vortex cup anemometers were

used to measure the speed of flow, and the driver adjusted

the speed of the car according to the value of the frontal ane-

mometer. The delays caused by different distances of the

close and far microphones from the subject were compen-

sated in the recorded signals.

The utterance to be used was selected to be /saana
sahaa haapaa, siili viilaa tuubaa, tuuli puhuu kiinaa, kissa
kissa kissa/, which lasted for 9–10 s. The C-weighted peak

sound pressure level (SPL) produced by the subject were

measured to vary between 85 and 90 dB in anechoic chamber

at 1m distance. The sentence was composed similarly as in

Ref. 29 of words easy to pronounce, containing common

vowels and consonants, and without any strong linguistical

meanings.

The actual measurement was conducted in the following

manner: The car was taken to the starting position of the

500 -m-long taxi way at R€aysk€al€a airport in Finland; the utter-
ance was recorded once with car still as reference measure-

ment; the car was accelerated to the target velocity of 12m/s

and the subject repeated the same sentence as many times

until the driver signaled that he will start to decelerate; and

the utterance was repeated again with car stopped as a second

reference. The recordings with car stopped were used as refer-

ence in the analysis, where the natural wind speeds were

measured to be in the range of 0.8–2.1m/s. In the runs for

upstream direction measurements, the measured instantaneous

wind speed values averaged to value of 12.0m/s with standard

deviation of 0.9m/s. Correspondingly, in the runs for down-

stream direction measurements, the mean was 11.8m/s with

standard deviation of 0.3m/s. The day was half-cloudy with-

out rain, and the temperature varied between 16 �C and 22 �C.

3. Computation of wind-induced change of directional
patterns for human measurements

A measured signal is denoted as s(t). The multi-band

signal x(f, t), where f is the center frequency, were filtered

from s(t) using cascaded third-order Butterworth high-pass

and low-pass filters having cutoffs frequencies separated by

a third octave. The instantaneous energy estimate of a nar-

rowband signal is computed as

yðf ; tÞ ¼ FLP xðf ; tÞ2
h i

; (A1)

where operator FLP denotes first-order Butterworth low-pass

filtering with cutoff frequency of 40Hz. This results in an

estimation of the energy envelope of the microphone signal.

It is assumed that the instantaneous energy is a summation

of the instantaneous energies of the signal from the shouter

and from the environmental noise:

yðf ; tÞ ¼ ysignalðf ; tÞ þ ynoiseðf ; tÞ: (A2)

From this the magnitude transfer function in octave bands

from the source signal to far microphones is expressed as

H fð Þ ¼
E ysignal f ; tð Þ
� �

E ysource f ; tð Þð Þ ¼
E y f ; tð Þ � ynoise f ; tð Þ½ �

E ysource f ; tð Þð Þ ;

(A3)

where E denotes the expectation operator.
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With the human subject the variables ysource(f, t) and

ynoise(t, f) are not known directly, and they have to be esti-

mated. As the stimulus was natural speech, it contains both

loud passages and pauses, and since the source microphone

always delivers the signal with high SNR, the temporal posi-

tions of loud parts and pauses of the utterance can be esti-

mated. y(f, t) represents the instantaneous energy of the

captured signal when the signal is present, and this is esti-

mated best when the voice is on its loudest passages in a

recorded utterance. Correspondingly, during the most silent

passages in the utterance, the signal of the far microphone is

assumed to represent the background noise ynoise(f, t).
However, this requires that the levels of highest and lowest

passages are separated well enough in level to enable reliable

estimation of the transfer function. Therefore, the transfer

function from the source microphone to the far microphones

is estimated as

A ¼ Ehigh20 yðf ; tÞ; ysourceðf ; tÞ½ �; (A4)

B ¼ Elow10ðyðf ; tÞ; ysourceðf ; tÞÞ; (A5)

Ĥ fð Þ ¼
Ehigh20

ynoise f ; tð Þ � B

ysource f ; tð Þ ; ysource f ; tð Þ
� �

; if A � 6B

;; otherwise;

8><
>: (A6)

where, Elow10 denotes an averaging process, where an aver-

age value is computed over the first signal variable, but only

taking into account those samples occurring at the same time

positions with the lowest 10% of sample values in the time-

synchronous second signal variable. Correspondingly,

Ehigh20 denotes averaging process for the first signal variable

computed only over samples corresponding to the highest

20% of values in the second variable. The symbol ; denotes

missing value. A therefore estimates the average energy of

signal with noise, and B represents correspondingly only the

noise. The condition A� 8B was set to discard all data that

had lower estimated SNR ratio than 8 dB to ensure reliable

estimation of the mean values.

Ĥ flowðf ;mÞ presents then the radiation pattern of the

subject in flow, where m is the index of the microphone in

the setup. Correspondingly, Ĥcalmðf ;mÞ is the reference con-
dition measured just after the run. The effect of flow to the

radiation pattern is then estimated as

Ĥw f ;mð Þ ¼ Ĥ flow f ;mð Þ
Ĥcalm f ;mð Þ

: (A7)

A large number of Ĥwðf ;mÞ values were computed from the

results by comparing each 10 s utterance in flow to the refer-

ence measurement after the run. The mean and standard

deviation were computed from the data for each far micro-

phone and frequency band. If the number of missing values

(symbol ;) was larger than 10% in a case, the mean and stan-

dard deviation values were set to the value of ;. The results

were found to have some deviations in the level of sound

radiated omnidirectionally, slightly different overall level

was obtained for different center frequencies. As this study

focuses the effect on directional pattern, the overall bias

effect was removed from the plottings. The plots were nor-

malized to values of Ĥwðf ;mÞ=Em½Ĥwðf ;mÞ�, where Em

denotes the average over microphones.

4. Computation of wind-induced change of directional
patterns for pendulum measurements

The effect of flow to the transfer function from the

source to the far-field microphones was estimated with the

same method using instantaneous energy values in micro-

phone signals, as in human-source measurements. However,

xsource is replaced by the electric multitone signal used to

drive the loudspeaker. Furthermore, the level of background

noise was estimated with the microphone signals recorded

with realistic pendulum measurement swing, but without

sound generation.

As the SNR was known to be adequate, instead of Eq.

(A6) the response from the electrical signal to distant micro-

phone signal was simply computed as

Ĥ f ;mð Þ ¼ E
y f ;m; tð Þ
yclose f ; tð Þ

� �
; (A8)

and Eq. (A7) was used to compute Ĥwðf ;mÞ, which is pre-

sented without any further normalization.
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