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The variation of wind noise at hearing-aid microphones with wind speed, wind azimuth, and hearing-

aid style was investigated. Comparisons were made across behind-the-ear (BTE) and completely-

in-canal (CIC) devices, and between microphones within BTE devices. One CIC device and two

BTE devices were placed on a Knowles Electronics Manikin for Acoustic Research. The smaller

BTE device had vented plastic windshields around its microphone ports while the larger BTE device

had none. The microphone output signals were digitally recorded in wind generated at 0, 3, 6, and 12

m/s at 8 wind azimuths. The microphone output signals were saturated at 12 m/s with wind-noise lev-

els of up to 116 dB SPL at the microphone output. Wind-noise levels differed by up to 12 dB

between microphones within the same BTE device, and across BTE devices by up to 6 or 8 dB for

front or rear microphones, respectively. On average, wind-noise levels were lowest with the CIC

device and highest at the rear microphone of the smaller BTE device. Engineering and clinical

implications are discussed. VC 2011 Acoustical Society of America. [DOI: 10.1121/1.3578453]

PACS number(s): 43.66.Ts, 43.50.Yw, 43.28.Vd, 43.38.Kb [BLM] Pages: 3897–3907

I. INTRODUCTION

Hearing aids can be exposed to environmental wind and

other air flows, such as those generated by fans or from

walking, jogging, or riding a bicycle. Pressure variations

from turbulence in such air flows results in what is often

referred to as wind noise in the microphone’s output signal.

Wind noise is a serious problem with hearing aids. Although

satisfaction with hearing aids in wind noise has recently

increased by 7% over 4 years (Kochkin, 2010), 58% of users

of recent devices (no greater than 4 years old) have various

degrees of satisfaction for wind noise, while 20% are neither

satisfied nor dissatisfied, and 22% have various degrees of

dissatisfaction (Kochkin, 2010). Satisfaction for wind noise

(total satisfied¼ 58%) was lower than for any of the 10 other

items in the “Signal processing and sound quality” category

of Kochkin (2010) including “Use in noisy situations” (total

satisfied¼ 61%).

In comparison, recent hearing aids can perform much

more satisfactorily in listening situations such as “One-on-

one” (total satisfied¼ 91%) and “Small groups” (total

satisfied¼ 85%) (Kochkin, 2010). The relatively low satis-

faction for wind noise is important, because overall satisfac-

tion with hearing-aid benefit increases with the percentage of

the 19 surveyed listening situations in which aid users are

satisfied (Kochkin, 2010) and wind noise may be present in

several of these situations. However, despite the continuing

problem of wind noise with hearing aids, it has attracted

comparatively little attention in the literature. A better

acoustical understanding of wind noise could better inform

the design of future hearing-aid hardware and signal-

processing algorithms to increase satisfaction in wind noise.

For conciseness, throughout this paper an air flow gener-

ated by a wind tunnel is simply referred to as “wind,” and

the signal the wind generates at the microphone output is

referred to as “wind noise.” It is well established that wind

noise can be greater at the output of a directional micro-

phone than an omni-directional microphone (Beard and

Nepomuceno, 2001; Thompson and Dillon, 2002; Chung

et al., 2009, 2010). The long-term-average, wind-noise spec-

trum can vary with wind azimuth (horizontal plane), style of

hearing aid, and/or hearing-aid shell design for a particular

hearing-aid style (Dillon et al., 1999, 2000; Grenner et al.,
2000; Beard and Nepomuceno, 2001; Thompson and Dillon,

2002; Chung et al., 2009, 2010). Some studies have also

shown that wind-noise levels increase with wind speed

(Beard and Nepomuceno, 2001; Chung et al., 2009, 2010).

However, most previous studies reported wind-noise

levels measured at the microphone for one or two relatively

low wind speeds of up to 5 m/s (Dillon et al., 1999; 2000;

Beard and Nepomuceno, 2001; Thompson and Dillon, 2002)

or at the hearing-aid output at 7 m/s (Grenner et al., 2000).

A wind speed of 5 m/s, which is 18.0 km/h, 11.2 mph, or 9.7

knots, corresponds to a rating of 3 (gentle breeze) on the

13-point Beaufort wind force scale, and hearing-aid users

could encounter stronger winds in everyday life. Few studies

have investigated wind noise at higher wind speeds, where

wind-noise levels at the microphone output would increase

up to the microphone’s saturation point, and have greater

potential to mask speech and risk loudness discomfort. Satu-

ration of the microphone signal would also lead to clipping

distortion of speech and other important sounds embedded in

the wind noise, which would result in the generation of high-

frequency harmonics. Thus, it is important that the wind

speeds that can cause microphone saturation and its conse-

quences are better understood.

a)Portions of this work were presented in “An analysis of wind noise at the

front and rear microphones of hearing aids,” poster presented at The

International Hearing-Aid Conference 2010, Lake Tahoe, CA, USA, 11–15

August 2010.
b)Author to whom correspondence should be addressed. Electronic mail:
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The author is aware of two studies that used higher wind

speeds, where hearing aids were fitted to a Knowles Elec-

tronics Manikin for Acoustic Research (KEMAR) (Burkhard

and Sachs, 1975) and wind-noise levels were measured at

the ear drum for wind speeds at multiples of 4.5 m/s up to

13.5 (Chung et al., 2010) or 22.5 m/s (Chung et al., 2009).

The fitted, linear gain was used to derive wind-noise input

levels for the 125, 500, and 2000 Hz one-third-octave bands

and the total wideband level across all bands. However, the

aids had input or output limiters that could not be turned off,

which could result in similar measured output levels (and

hence estimated wind-noise input levels) for wind speeds of

9.0 and 13.5 m/s at some wind azimuths. Thus, the literature

does not clearly show wind-noise spectra at the microphone

output for wind speeds greater than 5–7 m/s, the wind speeds

at which microphone saturation can occur, or the corre-

sponding wind-noise levels at microphone saturation.

Behind-the-ear (BTE) styles of hearing aid often have

two omni-directional microphones, while the aforementioned

studies reported wind-noise levels at one omni-directional or

directional microphone per BTE device. Hearing aids often

switch from a directional microphone to the front omni-direc-

tional microphone in wind (Chung, 2004), since wind-noise

levels are typically lower with an omni-directional micro-

phone (Beard and Nepomuceno, 2001; Chung et al., 2009,

2010). However, it is not clear whether further reductions in

wind-noise levels can be achieved by switching between the

front and rear omni-directional microphones, and whether

this depends on the wind speed, wind azimuth, or hearing-aid

shell design. If such switching reduced wind-noise levels at

the hearing-aid input, it could reduce the likelihood of a

clipped (distorted) microphone output signal and increase the

speech-to-wind-noise ratio before digital signal processing.

This in turn could increase listening comfort, reduce the

dependence on wind-noise reduction algorithms, and thereby

lead to improved satisfaction with hearing aids in wind

noise.

This paper presents an investigation into the variation of

one-third-octave band and wideband wind-noise levels with

hearing-aid style, BTE device shell, microphone location

within a BTE shell (i.e., front versus rear), wind azimuth,

and wind speed below and above microphone saturation

(0, 3, 6, and 12 m/s). Two dual-microphone, BTE devices

and one single-microphone, completely-in-canal (CIC)

device were used. The microphone ports of the large BTE

device (BTE1) had no mechanical wind shields, while the

microphone ports of the smaller BTE device (BTE2) were

partially covered by vented, plastic wind shields. Cables

were soldered to the microphone output terminals, and stereo

(i.e., front and rear) digital recordings of the omni-direc-

tional microphone signals were made for each combination

of wind azimuth, wind speed, and device. The recordings

were analyzed to calculate the long-term-average, one-third-

octave, wind-noise spectrum and the wideband wind-noise

level across all one-third-octave bands at each microphone.

The wind-noise levels were compared between microphones

within each BTE device and between microphones across all

devices, as well as with the long-term-average speech spec-

trum to estimate the possible speech-to-wind noise ratio.

II. METHODS

A. Hearing-aid hardware

Two dual-microphone, BTE shells and a single-microphone

CIC device were used. All devices contained Knowles FG-

series, cylindrical, omni-directional microphones and no

other electronic circuits. These microphones had a nominally

flat frequency response from 100 Hz to 10 kHz, a nominal

sensitivity of –53 dBV/0.1 Pa, and a typical, input-referred,

self-noise level of 27 dB(A) (1 kHz reference). The power,

signal, and ground terminals of each microphone were sol-

dered to a shielded, three-conductor cable. The cables exited

from the bottom of each BTE device, and from the eardrum-

facing side of the CIC device (i.e., into the KEMAR’s head

and down out of its neck).

Figure 1 shows line diagrams of the BTE devices (micro-

phones are shown in grey) and a photograph of the CIC de-

vice. BTE1 was a large device (size 675 battery) that had no

mechanical wind protection around its microphone ports.

BTE2 was a medium-sized device (size 13 battery) with its

front microphone port opening into an earhook cavity that

had horizontal vents, and its rear microphone port was cov-

ered by a small, rearward-facing, half dome. The CIC device

was an ER-14B, expandable-foam, insert earphone tip, which

had a rigid plastic tube running through its center. A cylindri-

cal microphone was securely placed in this tube with its inlet

port flush with the external surface of the foam plug.

B. Wind-noise recording apparatus

Figure 2 shows an overhead diagram of the low-noise

wind source at the National Acoustic Laboratories (Chats-

wood, NSW, Australia) that was used for this study. Fine

details of its design and construction are available in Fishburn

et al. (2007). Air flow was generated by an 18.5-kW, vari-

able-speed, centrifugal fan, which was housed at one end of a

concrete tube (shown across the top of Figure 2) that had

200-mm thick walls and a rectangular cross sectional area of

4 m2. The air flow passed between three parallel baffles (each

5 m long, 2 m high, and 250 mm thick) that formed a silencer

(shown on right of fan in Figure 2) that reduced the fan noise

FIG. 1. (Color online) Diagrams of the ear-level devices used in this study.

Each device contained one or two microphones and no other circuits. BTE1

was a large device with unshielded microphone ports. BTE2 was a medium-

size device with mechanical wind shielding around the microphone ports.

CIC was a foam earplug with a microphone securely located in its sound

bore. Shielded cables connected the microphone output signals to the digital

recording equipment and provided power and ground connections for the

microphones.
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by 56 dB(Lin.). The air flow turned 180� between this si-

lencer and additional sound-absorbing panels, and then 90� to

exit the concrete tube and enter a smaller duct via a smooth

cross-sectional area transition region. The air flow exited this

duct and into the top of a 12 m3 air plenum that stabilized the

air flow. The air flow exited from the bottom of the plenum

into a smooth transition duct (transition area ratio of 5:1),

which further stabilized the air flow before entering the

straight, metal, exhaust duct that had a square 61� 61 cm

outlet. The fan noise exiting the exhaust duct was reported as

41 and 63 dB(A) for flows of 2700 l/s (7.3 m/s) and 4300 l/s

(11.6 m/s), respectively (Fishburn et al., 2007).

The fan speed was controlled via a digital variable fre-

quency controller across a 0–50 Hz range with a resolution of

0.1 Hz. The air flow was approximately 8000 l/s at full fan

speed. The wind speed at the exhaust outlet was measured

with a mini-vane digital anemometer (Lutron LM-81AM: 3%

accuracy, 0.1 m/s resolution) and confirmed with another

(DSE Q1301: 0.1 m/s resolution) and the fan speed was

adjusted to give wind speeds of 3, 6, and 12 m/s. Entering the

corresponding fan speed (i.e., frequency) values into the digi-

tal controller gave repeatable wind speed measurements.

A KEMAR head was placed on a length of pipe that

acted as a neck and had its base attached to a turntable. The

center of the KEMAR head was positioned in the center of

the wind stream and 20 cm from the end of the wind genera-

tor’s 61� 61 cm outlet (the turntable was below the outlet

and out of the wind stream). The ear-level devices were

placed on the right ear, and the ear canal was removed so the

cable from the CIC device could exit down the inside of the

neck. The shielded cables of the BTE devices were securely

taped to the neck to avoid wind-induced vibration noise. The

cables connected the microphones to the input and ground of

an Echo Indigo, external, 32-bit, stereo sound card (dynamic

range> 109 dB(A), frequency response 10-20,000 Hz, 60.5

dB) and a 1.5-volt, AA-size cell to power the microphones.

Adobe Audition 1.5 software was configured to make 32-bit,

stereo recordings of the microphone signal(s) of each device

with a 44.1-kHz sampling rate.

C. Wind-noise recording procedure

Throughout this paper, the wind azimuth (i.e., the spatial

origin of the wind on the horizontal plane) will be defined as

follows: 0� is for wind from directly in front of the head; þ90�

is for wind from the (right) side of the head that has the hear-

ing aid (i.e., aid facing upstream); –90� is for wind from the

(left) side of the head that does not have the hearing aid

(i.e., aid facing downstream); and 180� is for wind from

directly behind the head. Figure 3 shows the direction of the

wind relative to the KEMAR head for the eight tested

azimuths.

One ear-level device was located on the KEMAR head

at any one time. Recordings of the microphone output sig-

nals were first made for BTE1, followed by BTE2 and then

the CIC device so that each device remained in the same

position for all of its recordings. Recordings were made at

wind speeds of 0, 3, 6, and then 12 m/s. For each wind speed,

the head was initially positioned to face the wind outlet (0�

azimuth) and then rotated in 45� increments. Each wind-

noise recording was 10 seconds long, and a total of 96 stereo

recordings were made (3 devices � 4 wind speeds� 8 azi-

muths). The wind-noise recordings were saved as 32-bit

WAV files for post-processing and analysis.

D. Calibration measurements and post-processing

Additional 10 s recordings were made with each device

placed in a Brüel & Kjær Type 4232 anechoic test box and

presented with white noise at 80 dB SPL(Linear) (44.1 kHz

sampling rate). These recordings encapsulated the sensitivity

of each microphone across frequency and were later used to

calibrate the wind-noise recordings in dB SPL (re: 20 lPa)

units. White noise was used because it has a flat spectrum

with the linearly spaced frequency bands that were used to

calibrate the wind-noise levels for the microphone prior to

conversion to one-third-octave bands. The white-noise input

stimulus file and all microphone recordings for both the

wind- and white-noise stimuli were then anti-aliasing filtered

and down sampled from 44.1 to 20 kHz in Adobe Audition

1.5. This made all files match the nominal 10-kHz bandwidth

of the anechoic test box used for the microphone calibration

recordings (nominal flat frequency response 63dB from

35 Hz to 10 kHz, –24 dB/octave roll off above 10 kHz), and

share the same anti-aliasing filter roll-off below the Nyquist

frequency of 10 kHz. The 20-kHz sampling rate was also

FIG. 2. Overhead diagram showing the wind generator and location of the

KEMAR head. Schematic provided by the National Acoustic Laboratories,

Chatswood, Australia (labels, arrows and KEMAR added).

FIG. 3. Overhead diagram showing the tested wind azimuths relative to the

KEMAR wearing an ear-level device on its right ear.
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chosen because it was similar to rates used by commercial

hearing aids, and allowed the analysis of the entire 8-kHz

one-third-octave band. The down sampled white-noise input

stimulus was presented in the anechoic test box, and its

wideband level of 79 dB SPL was noted as the reference

input level for the down sampled, white-noise, microphone

calibration recordings.

The down-sampled, white-noise, microphone calibration

recordings had the combined frequency response of the

microphones and the anechoic test box that presented the

white-noise input stimulus. In order to measure the test box

response, a Brüel & Kjær Type 4189 microphone (flat fre-

quency response 60.5 dB from 20–10,000 Hz) was placed

in the test box and connected to a Brüel & Kjær Type 2260

sound level meter via the box’s external electrical terminal.

The down sampled, white-noise, input stimulus was pre-

sented at 79 dB SPL, and the one-third-octave band levels

were measured from 20–10,000 Hz. The following section

describes how these levels and the white-noise microphone

calibration recordings were used to calibrate the wind-noise

recordings in dB SPL.

E. Wind-noise analysis

A custom MATLABVR (R2008b) script performed spec-

tral analysis on the down sampled, white-noise, input stimu-

lus file and all down sampled white- and wind-noise

recordings. Analysis was performed from 0.5 to 9.5 s into

each 10 s file to avoid possible transients at the start and end

of the recordings. Frames of 16,384 samples were processed

with a 16,384-point Hanning window and Fast Fourier

Transform (FFT) with 75% temporal overlap between FFT

frames (i.e., a window hop of 4096 samples). The resulting

spectral estimates consisted of 8192 FFT bins with center

frequencies linearly spaced at multiples of 1.22 Hz from 0 to

9999 Hz. The wind-noise spectrum for each microphone was

calculated in dB SPL units for each frame of each wind-

noise recording with Eq. (1).

XdBSPLbn¼ 20 log10 Xbnj jþ epsð Þþ39:866�CalRecdBb

(1)

where XdBSPL is a matrix of wind-noise levels in dB SPL,

b¼ {1, …, 8192} is the FFT bin number (0 Hz and positive

frequencies), n¼ {1, …, 44} is the FFT frame number, X is a

matrix of complex FFT data for the relevant microphone and

wind-noise recording, eps is the smallest numerical value in

MATLAB (2.2204e-16), 39.866 is the expected input level

(dB SPL units) for each FFT bin for white noise presented at

79 dB SPL, and CalRecdB is the recorded input level in nu-

merical dB units (re: 1.0) for each FFT bin calculated from

the white-noise calibration recording for the same micro-

phone. Thus, for each FFT bin and frame, the wind-noise

level was calculated in numerical dB units (re: 1.0) from the

magnitude of the complex FFT data, and was converted to

dB SPL units by adding the difference between the expected

SPL at the microphone input (39.866 dB SPL) and the meas-

ured numerical dB level (re: 1.0) at the microphone output

(CalRecdB) for white noise presented at 79 dB SPL.

The CalRecdB values were calculated from the relevant

white-noise microphone calibration recording with Eq. (2).

CalRecdBb ¼ 20 log10

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiPN
n¼1 Ybnj j2

N

s0
@

1
Aþ CalRippledBb

(2)

where Y is a matrix of complex FFT data for the white-noise

microphone calibration recording, N is the total number of

FFT frames, and CalRippledB is a vector of spectral ripple

compensation data in numerical dB units (re: 1.0) for the

white-noise input stimulus file. Thus, the power for each FFT

bin was averaged across FFT frames and converted to numer-

ical dB units (re: 1.0) for the relevant white-noise micro-

phone calibration recording. These long-term-average values

were adjusted by CalRippledB to compensate for ripples in

the long-term-average spectrum of the white-noise input

stimulus, which appeared in the long-term-average spectra of

the white-noise microphone calibration recordings. Spectral

ripples of up to approximately 63 dB were evident because

of the analysis of a random noise over a non-infinite averag-

ing time with very fine frequency resolution (16,384-point

FFT). Equations (3) and (4) show how CalRippledB was cal-

culated from the white-noise input stimulus file.

CalRippledBb ¼
P7936

b¼1 CalInputdBb

7936
� CalInputdBb;

(3)

CalInputdBb ¼ 20 log10

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiPN
n¼1 Zbnj j2

N

s0
@

1
A; (4)

where Z is a matrix of complex FFT data for the white-noise

input stimulus file, and CalInputdB is a corresponding vec-

tor of long-term-average, numerical levels for the FFT bins

in dB units (re: 1.0). Thus, the ripple compensation value for

each bin was its long-term-average level in dB units sub-

tracted from the mean dB level across the lowest 7936

(i.e., 8192� 31/32) FFT bins centered from 0 to 9685 Hz.

The mean dB level was calculated across bins that were not

affected by anti-aliasing filter roll-off, which was above the

upper boundary of the greatest one-third-octave band of in-

terest (centered at 8 kHz). The resultant CalRippledB vector

had a zero mean across these bins.

The processing described above estimated the wind-

noise level in dB SPL units for each FFT bin and frame

(XdBSPL), but did not take into account the frequency

response of the test box used to make the white-noise, micro-

phone calibration recordings. This was done through the cal-

culation of long-term-average, one-third-octave, wind-noise

levels from XdBSPL with Eq. (5) and (6).

Xpowerbn ¼ 10XdBSPLbn=10; (5)

XdBSPLoctd ¼ 10 log10

Xj

b¼i

XN

n¼1

Xpowerbn

N

� �
� BoxCompdBd; (6)
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where Xpower is a matrix of wind-noise power values for

each FFT bin and frame, XdBSPLoct is a matrix of corre-

sponding long-term-average, one-third-octave, wind-noise

levels in dB SPL, d is the one-third-octave band number, i is

the number of the lowest FFT bin in band d, j is the number

of the highest FFT bin in band d, and BoxCompdB is a vec-

tor of compensation data for the frequency response of the

anechoic test box used to make the white-noise microphone

calibration recordings. Thus, the wind-noise FFT spectra

were converted from dB SPL to power units in Eq. (5), and

the long-term-average power was calculated for each FFT bin

and summed across FFT bins in each one-third-octave band,

and then converted back to dB SPL units in Eq. (6). The test-

box compensation data (BoxCompdB) were the expected

one-third-octave levels for white noise presented at 79 dB

SPL minus the levels previously measured in the anechoic

test box. The MATLAB script stored the XdBSPLoct values

for one-third-octave bands centered from 63 to 8000 Hz for

different microphones and wind-noise recordings into text

files. Lower bands were not included because the white-noise

microphone calibration recordings were affected by 50-Hz

mains supply noise. The upper limit of the 8 kHz band (8980

Hz) was not affected by anti-aliasing filter roll-off.

III. RESULTS

A. Wind-noise level spectra

Figures 4, 5, and 6 show the long-term-average, one-

third-octave, wind-noise spectra for all microphones and azi-

muths at wind speeds of 3, 6, and 12 m/s, respectively. Each

graph shows a different azimuth, and are arranged so that

their positions correspond to the wind directions as shown in

Figure 3 (except for 180�). The circles, squares, and plus

symbols correspond to BTE1, BTE2, and the CIC device,

respectively. Filled and open symbols correspond to front

and rear microphones for the BTE devices, respectively. The

thick solid line shows the non-wind, noise-floor level, which

was calculated by adding (in power units) the long-term-

average SPL from the 0 m/s recordings (averaged across azi-

muths and devices), and the SPL of the noise exiting the

wind generator outlet as reported by Fishburn et al. (2007)

after conversion from octave to one-third-octave levels. The

data of Fishburn et al. (2007) for 7.3 and 11.6 m/s were used

for the 6 and 12 m/s graphs, respectively. These were the

closest wind speeds reported by Fishburn et al. (2007) to

those used in the current study (lower non-zero wind speeds

were not reported). Although not exact, the 3 m/s outlet

noise data were simply estimated via linear extrapolation (in

dB units), since there was an approximately linear relation-

ship between wind speed and the outlet noise reported at 7.3,

11.6, and 15.3 m/s by Fishburn et al. (2007). As a speech ref-

erence, the thin solid and dashed lines show the 65 dB SPL

long-term-average speech spectrum (LTASS) at the BTE

and CIC microphone locations, respectively. The LTASS

curves were derived by subtracting 5 dB from combined

(male and female) 70 dB SPL LTASS of Byrne et al. (1994),

and adding the free-field to BTE or CIC microphone position

transformation data of Dillon (2001) (page 93, Table IV.5,

talker at 0� azimuth).

Figure 4 shows that at 3 m/s, the band levels were below

80 dB SPL for all devices and azimuths. The wind-noise

level tended to exceed the LTASS in the lower frequencies.

This occurred over the smallest range of bands at 90� azi-

muth, where the wind noise exceeded the LTASS below 100

Hz with the CIC and below 125–200 Hz with the BTE

microphones. The wind noise dominated the LTASS over

the greatest number of bands at 0� azimuth, ranging from

below the 315-Hz band for the CIC device, and below the

1.6-kHz band for the front microphone of BTE1. For the rear

BTE microphones, the wind noise exceeded the LTASS over

the greatest number of bands at 180� with a worst case of

below 1.6 kHz for BTE2. For the BTE devices, one-third-

octave, wind-noise levels tended to be most clearly greater

at the front microphones at 0� and –45�, and at the rear

microphones at 180� and –135�. The band levels at the CIC

microphone were generally comparable to the lower BTE

levels, and were most clearly lower than the BTE levels at

180� and greater at 135�.
Figure 5 shows a similar pattern of results at 6 m/s with

some notable differences. Wind-noise levels exceeded 90 dB

SPL in some bands, and the increase in level was greater at

high than low frequencies. At 90� azimuth, the LTASS was

exceeded below the 200-Hz band for the CIC device and

below 500–2000 Hz for the BTE devices. The LTASS was

exceeded over the greatest number of bands at 0� for the

front BTE microphones (below 6.3 kHz), at 180� for the rear

BTE microphones (below 8 kHz for BTE1, and up to 8 kHz

for BTE2), and at 135� for the CIC device (below 6.3 kHz).

At 6 m/s, wind-noise levels tended to be most clearly lower

with the CIC device at most azimuths, while at 135� wind-

noise levels were not always clearly higher with the CIC de-

vice and were more comparable to levels with the BTE

devices.

Figure 6 shows that at 12 m/s, wind-noise spectra tended

to flatten with band levels as high as 109 dB SPL (BTE2,

rear microphone, –90�). Inspection of the waveforms in the

recordings suggests that the microphone output had saturated

(clipped) for all devices and azimuths (note: this was approx-

imately 15 dB below the input clipping level of the sound

card). Wind-noise levels were most clearly higher with the

rear BTE microphones at –135�, 180�, and 45�, and most

clearly lowest at the CIC microphone at 90� and 180�. The

wind-noise level exceeded the LTASS in all bands for all

microphones and azimuths.

B. Wideband wind-noise levels

Figure 7 shows the wideband wind-noise levels plotted

against azimuth for 3 m/s (bottom plots), 6 m/s (middle

plots) and 12 m/s (top plots). The allocation of symbols to

microphones is the same as for the one-third-octave spectra

shown in Figs. 4–6. Solid lines connect points for BTE1,

dashed lines for BTE2, and dotted lines for the CIC device.

The symbols to the right of the 180� point show the mean

across all azimuths for each microphone at each wind speed.

At lower wind speeds, wideband wind-noise levels tended to

peak around –45 to 0� for all devices, with another peak

around –135 and 180� for the BTE devices and 135� for the
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CIC device. The lowest levels tended to be at 90� (i.e., aid

upstream of head), with a shallower valley at –90� (i.e., aid

downstream of head) for 3 and 6 m/s, but not 12 m/s. Wind-

noise levels varied with azimuth over a smaller range of

levels at higher than at lower wind speeds. The lowest wide-

band level was 52 dB SPL at the CIC microphone for 3 m/s

at 90�, and the highest was 116 dB SPL at the rear micro-

phone of BTE2 for 12 m/s at –90�, 45�, and 180�.

C. Within-BTE device wideband level differences

Figure 8 (left graphs) shows the wideband wind-noise

level at the rear microphone relative to the front microphone

of each BTE device for 3, 6 and 12 m/s. Thus, positive val-

ues show greater levels at the rear than the front microphone

of a particular BTE device. Differences are shown with hex-

agons and solid lines for BTE1, and with diamonds and

dashed lines for BTE2. The values to the far right show the

average differences across azimuth, which were 0–1 dB for

BTE1 and 4–6 dB for BTE2.

Differences across azimuths tended to be greater in

magnitude for BTE2 than BTE1, and smaller at higher wind

speeds for both BTE devices. Positive differences (i.e., rear

microphone level greater) tended to be greatest around –135�

and 180� for both devices (up to 8 dB for BTE1 and 12 dB for

BTE2 at 3 m/s) with another prominent peak at 45� for BTE2

FIG. 4. Long-term average, one-

third-octave, wind-noise spectra at

the microphones for each azimuth

and a wind speed of 3 m/s. For com-

parison, the estimated non-wind

noise floor (thick lines) and the

long-term average speech spectrum

(65 dB SPL) at the typical BTE

(solid thin lines) and CIC (dashed

thin lines) microphone locations for

a talker at 0� azimuth are also

shown.
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but not BTE1 (where differences were close to zero). Nega-

tive differences (i.e., rear microphone level lower) tended to

be greatest around –45� for both BTE devices (as great as –8

dB for BTE2 at 3 m/s), and also at 135� for BTE1 at lower

wind speeds (as great as –5 dB at 3 m/s) but not BTE2 (where

differences were positive).

D. Across-device wideband level differences

Figure 8 (right graphs) shows differences in wideband,

wind-noise levels across devices for 3, 6, and 12 m/s. All dif-

ferences are relative to BTE1, so positive differences show

greater levels at the comparison devices. Differences are

shown for BTE2 relative to BTE1 for their front (filled trian-

gles) and rear (open triangles) microphones, and for the CIC

microphone relative to the front microphone of BTE1 (plus

symbols and dashed lines). The values to the far right show

the averages across azimuth.

Differences between devices tended to vary less across

azimuth with increasing wind speed. Comparing the front

microphones of the BTE devices, differences tended to be

maximally positive (i.e., BTE2 level higher) around –90�

(up to 5 dB at 3 m/s) and tended to be negative (i.e., BTE2

level lower) across a range of azimuths that were mainly on

the hearing-aid side (i.e., positive azimuths) and were as

great as –6 dB at 6 m/s. In contrast, for the rear microphones

FIG. 5. As for Figure 4, except for a

wind speed of 6 m/s.
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differences tended to be positive (i.e., BTE2 level higher) at

all azimuths (up to 8 dB at 3 m/s) except at –45� and/or 0�

where they were negative (i.e., BTE2 level lower) and as

great as –6 dB at 3 m/s. Compared with the front microphone

of BTE1, the greatest positive differences for the CIC device

(i.e., CIC level greater) were at 135� for all wind speeds (up

to 10 dB at 3 m/s), while the greatest negative differences

(i.e., CIC level lower) tended to be at 90�, 180�, –45�, or 0�

(as great as –10 dB at 3 m/s).

IV. DISCUSSION

Some previous studies of wind-noise at the hearing-aid

input used wind speeds of 2.1 and/or 5 m/s (Dillon et al.,

1999, 2000; Beard and Nepomuceno, 2001; Thompson and

Dillon, 2002), while Chung et al. (2009, 2010) mainly used

speeds of 4.5, 9.0 and 13.5 m/s, and the current study used

speeds of 3, 6, and 12 m/s. Therefore, comparisons with pre-

vious studies cannot be made at identical wind speeds. For

the current study, logarithmic spacing of wind speeds was

chosen because a simple theoretical analysis showed that for

low-turbulence air flows, the rms sound pressure in a band is

proportional to the square of the flow speed (Strasberg,

1988). This translates to a 12-dB increase in sound pressure

level for each doubling of flow speed. Other factors, such as

a more turbulent air flow (Morgan and Raspet, 1992), can

lead to greater growth of wind-noise level with increasing

FIG. 6. As for Figure 4, except for a

wind speed of 12 m/s.
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wind speed. The current study showed differences in overall

and one-third-octave band wind-noise levels of more and

less than 12 dB between wind speeds of 3 and 6 m/s (below

microphone saturation).

Another difference across studies is the measurement

duration, which where specified varies from 9 s (current

study) to 16 s (Grenner et al., 2000) to 30 s (Chung et al.,
2009, 2010). For long-term-average measurements, long

durations could better capture any very slow variations of

turbulence generated by the head or inherent in a non-lami-

nar, generated wind stream. Since the latter would depend

on the stability and characteristics of individual wind genera-

tors, its effect on the minimum required measurement

duration would differ across studies. Without repeated meas-

urements to quantify variability, the consistency of the trends

shown in Figures 7 and 8 suggests that the 9 s measurement

duration was not grossly inadequate with the experimental

apparatus used for the current study. This averaging time is

sufficient to capture wind-noise level variations faster than

0.11 Hz.

A third difference across studies was the wind azimuths,

which were 0–360� in 45� steps for the current study com-

pared with 0� only (Grenner et al., 2000), the frontal arc

from –90� to þ90� in 10� steps (Dillon et al., 1999; 2000;

Thompson and Dillon, 2002), and 0-360� in 10� steps (Beard

and Nepomuceno, 2001; Chung et al., 2009, 2010). Thus,

compared with previous studies that also covered a 360� arc

of azimuths, the current study’s more widely spaced azi-

muths either matched or differed by half of a 10� step. It was

thought that 45� steps would allow a fundamental under-

standing of whether front-versus-rear microphone levels

vary with azimuth across devices, would be easily under-

stood by hearing-aid users, and allowed a more detailed

spectral understanding of how wind-noise levels compare

with speech and vary between microphones within and

across devices.

With the aforementioned differences between studies in

mind, the 6 m/s, front-microphone, wideband levels of the

current study generally fit between the 4.5 and 9 m/s omni-

directional data of Chung et al. (2009, 2010) for wind from

the front and rear, but are generally higher than the 9 m/s

data for wind from either side. As for the current study,

Thompson and Dillon (2002) directly measured the micro-

phone output, and compared with their one-third-octave

band spectra for wind at 5 m/s, the current study’s 6 m/s

spectra are lower for wind from in front but are generally

comparable for wind from either side. Thus, the 6 m/s data

from the current study tend to broadly agree with compara-

ble data from previous studies at some azimuths and differ

at others. The current and previous studies have shown that

large differences in wind-noise levels are possible between

devices of the same hearing-aid style (Thompson and Dil-

lon, 2002; Chung et al., 2009), or within the same device if

a wind screen is added (Grenner et al., 2000). Thus, differ-

ences between studies could be attributable to differences in

microphone location, wind shielding, experimental appara-

tus and/or methods, or measurement and/or analysis

bandwidth.

Microphone output signal saturation was achieved at 12

m/s, which is 43 km/h, 27 mph, 23 knots, and rating 6 (i.e., a

strong breeze, less than gale force) on the 13-point Beaufort

wind force scale. The flattening of the wind-noise spectra at

12 m/s could have been at least partly due to the generation

FIG. 7. Wideband wind-noise levels for 3 m/s (lower plots), 6 m/s (middle

plots), and 12 m/s (upper plots). The symbols to the right of the 180� point

show the average across azimuths.

FIG. 8. The wideband wind-noise level at the rear microphone relative to

the front microphone for each BTE device (left graphs), and at each micro-

phone of BTE2 and the CIC device relative to the equivalent (i.e., front or

rear) microphone of BTE1 (right graphs). Data are shown for wind speeds

of 3 m/s (bottom graphs), 6 m/s (middle graphs), and 12 m/s (top graphs).

The symbols to the right of the 180� point show the average across

azimuths.
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of clipping harmonics. Clipping would also result in the dis-

tortion of speech or other sounds embedded in the wind

noise, and potentially reduce sound quality and hence satis-

faction with hearing aids. The microphone output signal was

approximately 0.8 volts peak-to-peak at saturation, so wind

noise also has the potential to saturate 1 volt pre-amplifier

and analog-to-digital converter circuits at 12 m/s or lower

wind speeds, such as 6 m/s, with sufficient pre-amplifier

gain. Conversely, clipping could be avoided at 12 m/s if a

suitable wind screen reduced wind-noise levels at the micro-

phone input (Grenner et al., 2000) and the pre-amplifier gain

was reduced to 0 dB in wind. Future research could investi-

gate the potential of different wind screen designs to avoid

saturation at the hearing-aid input.

Wideband wind-noise levels tended to be higher at the

rear than the front microphones of the BTE devices,

although this varied with azimuth (see Figure 8, left graphs).

The smaller range of differences at 12 m/s may have been at

least partly due to the saturation of both microphones. At 3

and 6 m/s, the combined effects of differences in BTE shell

size, wind shielding, and microphone location were more

clearly seen. These factors cannot be separated with the cur-

rent data and would be an interesting topic for future

research, although their effects may be postulated as follows.

Microphone location was probably a factor since obstacles

such as the head and pinna can act as wind guards or turbu-

lence sources depending on the azimuth, and turbulence ve-

locity varies around the pinna (Dillon et al., 2000). The

magnitude of the rear-minus-front differences tended to be

smaller for BTE1, and this may have been due its micro-

phone ports sitting higher above the pinna than those of

BTE2 (i.e., reduced localized pinna effects) and not being

shielded (i.e., no localized shielding effects). Furthermore,

the rearward-facing, half-dome, wind shield over BTE2’s

rear microphone may have acted as a wind scoop and

enhanced wind noise for rearward azimuths.

Compared with BTE1, front-microphone levels tended

to be lower for BTE2 and the CIC device, while rear-micro-

phone wind-noise levels tended to be higher for BTE2,

although this varied with azimuth (see Figure 8, right

graphs). As postulated above, this may have been due to dif-

ferences in shell size, wind shielding, and microphone loca-

tion that cannot be separated with the current data, and

would be an interesting topic for future research. For wind at

3 m/s from the non-aid side (i.e., –45� to –135�) and 0�, the

similar differences between devices suggest head-generated

turbulence had the greatest effect. For wind from the hearing-

aid side (i.e., 45� to 135�) and 180�, the generally negative

BTE front-microphone differences (i.e., BTE2 levels lower)

and positive BTE rear-microphone differences (i.e., BTE2

levels greater) suggest the pinna and/or wind shields had a

larger effect. Since the CIC and BTE1 microphones did not

have wind shields, differences between them were probably

due to differences in microphone placement relative to the

pinna and turbulence generated by BTE1’s shell. For example,

the pinna may have shielded the CIC device’s microphone at

180� and directed turbulence generated by its ridges into the

concha at 135�, while at 90� the concha may have filled with

a protective layer of still air.

Wind-noise levels tended to be greater than the LTASS

(talker at 0�) in the lower frequencies at 3 m/s, at most fre-

quencies at 6 m/s, and at all frequencies at 12 m/s where

wideband speech-to-wind-noise ratios were in the vicinity of

–45 dB. At the lower wind speeds, upward spread of simulta-

neous masking (Egan and Hake, 1950) that tends to increase

with sensorineural hearing loss (Jerger et al., 1960; Floren-

tine et al., 1980; Tyler et al., 1983; Glasberg and Moore,

1986) could cause low-frequency wind noise to mask impor-

tant middle- and high-frequency speech information. The

extent of this effect would depend on the individual hearing

loss, the aid’s gain-frequency response, and the intrusion of

wind into the ear canal via the ear mold vent. The speech-to-

wind-noise ratio could be improved through BTE shell

design and/or with wind screens that attenuate wind noise

more than speech (Grenner et al., 2000). Future research

could investigate speech understanding in wind noise and

the effects of microphone placement, wind screen, wind

shield, and hearing-aid shell design on the speech and wind-

noise spectra at the hearing-aid input.

Engineering considerations for improving satisfaction in

wind noise can be divided into: (1) Mechanical design to max-

imize the acoustic signal-to-wind-noise ratio at the hearing-

aid input; and (2) Appropriate signal processing for wind

noise. Mechanical design includes consideration of pinna

effects regarding microphone placement, turbulence generated

by the hearing-aid shell, and the effects of wind screens and

wind shields. Signal processing includes minimizing pre-am-

plifier gain in wind to avoid clipping distortion, and adaptive

algorithms that better deal with wind noise. For example, pre-

vious studies have shown that switching from a directional to

an omni-directional microphone in wind would reduce the

wind-noise level at the hearing-aid input (Beard and Nepomu-

ceno, 2001; Thompson and Dillon, 2002; Chung et al., 2009,

2010). The current study shows that automatic selection of the

omni-directional microphone with the least wind noise could

reduce wind-noise levels by up to 8 dB (rear microphone

lower) or 12 dB (front microphone lower) depending on azi-

muth (see Figure 8, left graphs) compared with a BTE device

that always switches to the same omni-directional microphone

in wind. At wind speeds where at least one microphone is not

in saturation, audio could be streamed wirelessly from the ear

with less wind noise to the other ear when a loss of binaural

cues is less important than reducing wind noise.

Audiological selection of hearing aids that are more

likely to be satisfactory in wind noise is not straightforward.

Previous studies on wind noise at the hearing-aid input have

not been unanimous regarding hearing-aid style. The current

study suggests CIC devices are preferable to BTE devices on

average, except most notably at 135� where turbulence in

the concha increased markedly. However, other styles of in-

ear aid were not evaluated. Dillon et al. (1999, 2000) recom-

mended against fitting BTE devices because the microphone

was usually in the wake of the pinna, which often resulted in

greater wind-noise levels than with their ITE, ITC, and CIC

devices. In contrast, Chung et al. (2010) recommended BTE

aids for outdoor activities since their BTE aid had lower or

comparable wind-noise levels than their in-ear aids over a

wide range of azimuths, and another BTE aid had a similar
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pattern of results (Chung et al., 2009). Chung et al. (2010)

also suggested that CIC aids might be preferable to ITE and

ITC aids in environments with low wind speeds (approximately

4.5 m/s), where their CIC aid had lower wind-noise levels

over a large range of azimuths. However, Thompson and

Dillon (2002) found large differences in wind-noise levels

between two ITE devices, and suggested this may have been

due to physical differences between the devices and/or mea-

surement facilities.

While in-ear styles of hearing aid may be more or less

affected by wind noise than BTE aids in different situations,

they are generally not suitable for more severe hearing loss,

and signal processing for wind noise is likely to differ across

manufacturers. Aid users should be counseled that wind noise

is minimized at around 90� azimuth (i.e., wind into the aided

ear) for monaural fittings, and 135� should probably be

avoided with a CIC device. With binaural fittings, each aid is

exposed to a different wind azimuth, and the current study

shows one-third-octave, wind-noise spectra for binaural left/

right ear pairs; apart from the top row, each row of graphs in

Figs. 4–6 can be interpreted to show the azimuth relative to the

left ear (left graph) and right ear (right graph) for a single wind

direction. These data suggest that the binaural wind-noise level

would be minimized with one ear facing into the wind (90�)
and the other ear facing away from the wind (–90�).

Satisfaction with hearing aids in wind noise lags behind

satisfaction in other areas, and overall satisfaction with hear-

ing-aid benefit increases with the percentage of satisfactory

listening situations (Kochkin, 2010). Increased satisfaction

may in turn lead to greater hearing-aid usage and fewer

returns. Satisfaction in wind noise could be improved with

future research into areas such as (1) the efficacy of different

wind shield and wind screen designs; (2) the effect of hair,

clothing, and the torso (as opposed to a bald KEMAR head)

on wind noise; (3) the effect of ear-mold venting on wind

noise levels in the ear canal; (4) speech recognition and

understanding at different wind speeds; (5) factors that affect

the ability of algorithms to detect wind; and (6) the effect of

signal processing algorithms on speech understanding and

listening comfort in wind noise.

V. CONCLUSIONS

One-third-octave, wind-noise levels at the front and rear

microphones of two BTE devices and the microphone of one

CIC device were greater than 65 dB SPL speech levels in all

one-third-octave bands for a wind speed of 12 m/s, most

bands at 6 m/s, and in the lower speech frequencies for 3 m/s.

Wind-noise levels varied with wind speed, wind azimuth,

ear-level device, and microphone within each BTE device.

Wideband level differences were up to 12 dB between micro-

phones within the same BTE device, and between BTE devi-

ces differences were up to 6 dB (front microphones) or 8 dB

(rear microphones). Averaged across azimuths, wind-noise

levels were lowest at the CIC device’s microphone, approxi-

mately 1 dB higher at the front microphone of BTE2, and

highest at the rear microphone of BTE2. The microphones

were saturated at 12 m/s and resulted in wideband wind-noise

levels of up to 116 dB SPL at the hearing-aid input.
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