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Abstract

Background: Wind noise is a common problem reported by hearing aid wearers. The MarkeTrak VIII

reported that 42% of hearing aid wearers are not satisfied with the performance of their hearing aids in
situations where wind is present.

Purpose: The current study investigated the effect of a new wind noise attenuation (WNA) algorithm on
subjective annoyance and speech recognition in the presence of wind.

Research Design: A single-blinded, repeated measures design was used.

Study Sample: Fifteen experienced hearing aid wearers with bilaterally symmetrical (#10 dB) mild-to-

moderate sensorineural hearing loss participated in the study.

Data Collection and Analysis: Subjective rating for wind noise annoyance was measured for wind pre-

sented alone from 0� and 290� at wind speeds of 4, 5, 6, 7, and 10 m/sec. Phoneme identification per-
formance was measured using Widex Office of Clinical Amplification Nonsense Syllable Test presented

at 60, 65, 70, and 75 dB SPL from 270� in the presence of wind originating from 0� at a speed of 5 m/sec.

Results: The subjective annoyance from wind noise was reduced for wind originating from 0� at wind
speeds from 4 to 7 m/sec. The largest improvement in phoneme identification with the WNA algorithm
was 48.2% when speech was presented from 270� at 65 dB SPL and the wind originated from 0� azimuth

at 5 m/sec.

Conclusion: The WNA algorithm used in this study reduced subjective annoyance for wind speeds rang-

ing from 4 to 7m/sec. The algorithmwas effective in improving speech identification in the presence of wind
originating from0� at 5m/sec. These results suggest that theWNAalgorithmused in the current study could

expand the range of real-life situations where a hearing-impaired person can use the hearing aid optimally.

Key Words: assistive listening devices, hearing aids, noise reduction, wind noise

Abbreviations: BTE 5 behind-the-ear; KEMAR 5 Knowles Electronic Manikin for Acoustic Research;
LMS 5 least mean squares; RIC 5 receiver-in-the-canal; SD 5 standard deviation; SNR 5 signal-to-

noise ratio; SPL 5 sound pressure level; WNA 5 wind noise attenuation

INTRODUCTION

W
ind noise is encountered by all hearing aid

wearers but is especially a problem to those

who spend a significant amount of time

outdoors. Wind noise is created at a hearing aid mi-

crophone when the flow of the air is obstructed as it

moves past the hearing aid. The obstructions cause

turbulence that results in air pressure fluctuations

at the microphone membrane. These changes in air
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pressure are perceived as wind noise. Wind noise can

overload the microphone preamplifier resulting in

audible distortion and drowning out the acoustic sig-

nals that are transduced by the hearing aid micro-
phone. A wind speed of 6 m/sec can result in wind

noise levels that exceed the long-term average

speech spectrum across most frequencies, and at

12 m/sec may completely saturate the microphone

output (Zakis, 2011). The wind noise discussed here

differs from the environmental sounds created by

wind. When wind passes through other objects in

the listening environment (trees, shrubs, car win-
dow, etc.) it can produce acoustical waves, which

are also transduced by the hearing aid microphone.

These sounds are not considered as wind noise here.

Such sounds are part of the natural environment and

not artifacts caused by wind at the hearing aid. Wind

noise affects a substantial number of hearing aid

wearers. About 42% of hearing aid wearers are dis-

satisfied with the performance of their hearing aids
in situations where wind is present (Kochkin, 2010).

Wind noise can limit the optimal use of the hearing

aids outdoors and may negatively impact participa-

tion in normal activities. There are two main ap-

proaches to combating the problem of wind noise in

hearing aids: acoustic modifications and signal pro-

cessing techniques.

When airflow is obstructed by a physical obstacle on
its direct path, the air will attempt to go around the ob-

ject. If the air velocity is low, the flow around the object

is laminar. In laminar flow, the air moves in straight-

line layers, and all the particles within a layer have

the same velocity. If the air velocity is high, the airflow

around the object will generate eddies (swirling of air

and reverse current). There is a large amount of mixing

of the air particles between the layers, which results in
large spatial pressure differentials. These pressure dif-

ferentials are picked up by the microphone as wind

noise.

Mechanical solutions to lower the wind noise aim to

reduce the amount of turbulent wind flow that causes

acoustical wind noise at the microphone by laminating,

redirecting, or diffusing the wind flow. One approach is

to add a cover or a hood on top of themicrophone to lam-
inate the airflow and to shield the sensing surface of the

microphone from the direct airflow (Kates, 2008). The

cover laminates the wind by providing a smooth surface

for the wind to flow along with fewer eddies. This solu-

tion can provide broadband reduction of wind noise up

to 18 dB (Widex SUPER brochure; Lynge, Denmark).

Another approach is to add a thin piece of foam on

top of the microphone preventing the full velocity of
the wind from reaching the transducer (Kates, 2008).

One disadvantage of a foam windscreen is that the mi-

crophone’s high-frequency response is attenuated above

10 kHz, depending on the density of the protective layer.

While the utility of high frequencies can be insignifi-

cant for speech understanding, the broader bandwidth

has been associated with better sound quality for

hearing-impaired individuals with less than amoderate
degree of hearing loss (Ricketts et al, 2008). Dillon et al

(1999) measured the wind flow patterns at the ear using

laser Doppler velocimeter. They showed that pinna and

tragus can act as sources of wind turbulence. Simulta-

neously, head, pinna, and tragus can also act as wind

guards. They showed that the amount of wind turbu-

lence generally reduces as a function of distance away

from the head. Thus, the hearing aid form factor can af-
fect how much wind turbulence may be experienced at

the microphone opening. In general, custom products

such as completely-in-the-canal and in-the-canal de-

vices experience less wind noise than behind-the-ear

(BTE) devices because of its microphone placement

(Dillon et al, 1999; Zakis, 2011). Some commercial en-

tities take advantage of the position effect by placing

the microphone in the small indentation between the
crura of the helix and the antihelix of the pinna to min-

imize turbulence (Kates, 2008). These mechanical ap-

proaches have achieved varying degrees of success in

combating wind noise.

Another approach to reduce the negative effects of

wind noise is to use digital signal processing algo-

rithms. These algorithms use the knowledge of the dif-

ferences in acoustic characteristics between the desired
acoustic signals and wind noise signals to separate

these two signals. Wind noise exhibits several impor-

tant characteristics. It is typically loud, for example,

at 12m/sec wind speed (26.8 mph or 43.2 km/h), typical

of fast cycling, the sound pressure level (SPL) can

reach as high as 116 dB for some BTE hearing aids

(Zakis, 2011). The wind noise level is proportional to

the square of wind speed, so doubling the wind speed
would increase the turbulence by a factor of four and

the wind noise by 12 dB on average (Strasberg, 1988;

Kates, 2008). However, the increase in the SPLs ob-

served in the real world is even faster (Morgan and

Raspet, 1992). Wind noise level is also dependent on

the direction, with the wind originating from the front

having the strongest wind noise level (Dillon et al,

1999).
The spectra of wind noise vary widely under different

wind situations. Generally speaking, energy from wind

noise is concentrated in the low frequencies with a rel-

atively flat spectrum ,300 Hz and sloping at a rate of

26 dB per octave .300 Hz (Wuttke, 1991; Dillon et al,

1999; Raspet et al, 2006). The spectrum is also depen-

dent on the wind speed; lower wind speeds generally

produce wind noise with energy in the lower fre-
quencies, whereas higher wind speeds produce wind

noise with energy in higher frequencies (Brown and

Mongeau, 1995; Beard and Nepomuceno, 2001; Chung

et al, 2009).
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Acoustic signals measured at the two microphones of

a dual-microphone hearing aid are typically highly cor-

related for far-field signals. The signals are similar ex-

cept for the delay introduced by the finite speed of sound
and the spacing between the microphones. Unlike the

acoustic signals, a special characteristic of wind noise

is that its correlation with itself as measured at two

points decreases rapidly with distance (Corcos, 1963;

1964). This is because the turbulences created by wind

are unique to each measuring point in space. A conse-

quence is that wind noise created at the twomicrophones

of a dual-microphone hearing aid has independent fluc-
tuations (i.e., the two wind noise signals are largely un-

correlated).

The knowledge on the wind noise spectra, level, and

correlation makes it possible to create signal processing

solutions that aim to mitigate the annoyance caused by

wind noise. The signal processing approaches to wind

noise reduction typically consist of two stages: detection

of the wind noise, followed by the reduction or attenu-
ation of the wind noise. During the first stage, the algo-

rithms determine if wind noise is present by measuring

the degree of correlation of the low- and midfrequency

(e.g.,,3 kHz) input between the front and the back mi-

crophones. Unlike wind noise, external sounds arriving

at both microphones of a dual-microphone hearing aid

are correlated because the wavelengths of these sounds

,10 kHz (l 5 0.343 m, c 5 343 m/sec) exceed the phys-
ical distance of the two microphones. This difference in

correlation between wind noise and the acoustic signals

can be used to identify the presence/absence of wind

noise. If the two signals at the hearing aid microphones

(front and back) are correlated, the signals likely orig-

inate from an external sound source. On the other hand,

if the signals are uncorrelated, the origin of the signal

could be wind noise. In addition, the noise needs to ex-
ceed a predetermined level to meet the requirement of

wind noise. This predetermined level is unique to each

wind noise algorithm implementation.

Various techniques have been attempted to reduce

the amount of wind noise after it has been detected. Be-

cause wind noise is concentrated primarily in the lower

frequencies, gain reduction in the low frequencies can

reduce the intensity of wind noise encountered by hear-
ing aids (Bentler and Chiou, 2006). In one implementa-

tion, the levels of environmental sounds and wind noise

are monitored, and gain at each frequency channel is

independently reduced based on the estimated level

of the environmental sounds and the level of the wind

noise. The goal is to bring the level of the wind noise to

the long-term average SPL of the user’s environment

(Stender and Hielscher, 2011). Unfortunately, no addi-
tional details were reported because of its proprietary

nature.

Wireless technologies have also been used in wind

noise reduction in bilateral hearing aid fittings. In one

such implementation (Latzel and Appleton, 2013a),

the two hearing aids of the bilateral pair monitor the

presence of wind and share such information between

the two instruments. When wind noise is detected, the
low-frequency part (,1.5 kHz) of the microphone signal

from the ear where more wind noise is present is

substituted with the low-frequency part of the micro-

phone signal from the other ear where less wind noise

is present. The rationale of replacing only the lower

frequencies is that wind noise is typically in the

lower frequencies at a mild-to-moderate speed. Latzel

and Appleton (2013b) reported 27% improvement in
speech scores (Oldenburg Sentence Test, OLSA) us-

ing this feature on listeners with a moderate hearing

loss. In their investigation, the wind was generated

using a fan located at the right side (60�) at a speed

of 3.5–4 m/sec, and speech was presented from the op-

posite side (270�) at 65 dB SPL. Details on the type of fan

or of the wind flow patterns used in their study were not

specified.
Wind noise has an additional impact on hearing aids

with directional microphones. Directionality in hearing

aids is achieved by subtracting the signal at the rear

microphone from the signal at the front microphone.

For environmental acoustic signals, the correlation at

the two microphone locations can be high, especially

in the low frequencies. Consequently, the subtraction

method used to achieve directionality partially cancels
the low frequencies of the desired signal. In many direc-

tional microphone designs, this low-frequency loss is

compensated by boosting the low-frequency output of

the directional microphone by 6 dB per octave (Kates,

2008). This compensates for the potential loss of loud-

ness for sounds presented from the front. Unfortu-

nately, when combining uncorrelated signals (such as

in wind noise), the signal power always increases irre-
spective of the relative phases of the signals (i.e., sum-

mation and subtraction have the same effect). As a

result, the low-frequency boost used in the directional

microphones further increases the level of the un-

wanted wind noise when compared to an omnidirec-

tional microphone where no compensation is needed.

One way to combat the negative effects of wind noise

in a directional hearing aid is to use a fully adaptive di-
rectional microphone that automatically switches to

an omnidirectional microphone when wind is detected

(Kuk et al, 2005). Alternatively, since the wind noise

is located primarily in the lower frequencies, the use

of an omnidirectional microphonemode in the lower fre-

quencies and a directional microphone mode in the

higher frequencies may be used as a strategy to allevi-

ate the wind noise problem (Stender and Hielscher,
2011). Such a microphone configuration is possible in

amultichannel adaptive directional microphone system

that can adjust the directional pattern of the micro-

phone independently in each frequency channel based
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on the acoustic characteristics of the input environment

(Kuk et al, 2005).

Recently, Widex introduced a patented wind noise at-

tenuation (WNA) algorithm that is based on least mean
squares (LMS) filtering. LMS algorithm is a simple and

effective algorithm for adaptive filter design used to

mimic a desired filter by finding the filter coefficients

that produce the LMS of the difference between the de-

sired and the actual signal. The LMS algorithm at-

tempts to find the optimum filter by updating each

filter coefficient iteratively in the direction of the in-

stantaneous gradient of the squared error signal with
respect to the coefficient in question. When the desired

and the actual signals correlate, the algorithm is capa-

ble of finding a set of filter coefficients thatminimize the

squared error. Conversely, the algorithm is not capable

of finding filter coefficients that would minimize

the difference between the two uncorrelated signals.

Therefore, LMS filter is known to reduce uncorrelated

noise (Haykin, 2014).
LMS filters are applicable in situations when some

parameters of the desired processing operation are cor-

relative but are not known in advance or are changing

over time. Such may be the case in wind noise manage-

ment. Speech may be the correlative desirable signals

and wind is the uncorrelative, undesirable signals. This

WNA algorithm uses correlation between the signals at

the two hearing aid microphones to filter out the noise.
Once the input is determined to be wind noise, the

wind noise–contaminated signals frombothmicrophones

are used to estimate the desirable wind-free signal. Be-

cause only the desired signal is correlated at the two mi-

crophones, the adaptive filter is capable of estimating

only the desired portion of the signal. Thus, the estima-

tion of the wind noise is zero, and the output of the adap-

tive filter consists of only the desired signal. The output
of the adaptive filter (i.e., estimate of the desired signal)

is used as the input to the hearing aid amplifier.

The current study evaluated the effect of the new

WNA algorithm using a single-blinded repeated mea-

sures design. First, listeners’ subjective impressions on

wind noise annoyance were measured with and with-

out the algorithm. The listeners’ speech-in-wind perfor-

mance at awind speed of 5m/secwasmeasured at several
speech levels in a controlled laboratory environment to ex-

amine how the attenuation of wind noise affects speech

intelligibility.

METHODS

Participants

A pilot study was conducted on six individuals using

the same test procedures as the actual test. On the basis

of their results on the speech test, we estimated that the

sample size required for a significant improvement with

a power .0.8 ranged from 3 to 15 across all test condi-

tions. Thus, a sample size of 15 was selected in the ac-

tual study.

Fifteen adults (eight females and seven males) with
bilaterally symmetrical (610 dB) sensorineural hearing

loss participated. The averaged four-frequency (0.5, 1,

2, and 4 kHz) pure-tone averages were 42.3 dB HL

(standard deviation [SD] 5 10.0 dB) for the right ear

and 42.5 dBHL (SD5 7.3 dB) for the left ear (see Figure

1). All participants were native English speakers. Their

ages ranged from 31 to 82 yr with a mean age of 70.1 yr

(SD 5 13.8 yr). On average, the participants had worn
hearing aids for 9.5 yr (SD5 7.8 yr). Nine of the partic-

ipants wore receiver-in-the-canal (RIC), and three in-

the-ear hearing aids as their own hearing aids. Three

participants did not own orwear hearing aids regularly.

Participants were informed of the purpose of the study,

benefits, and risks before their participation. All partic-

ipants signed informed consent and were financially

compensated for their participation.

Hearing Aids

Hearing aids used in the study were Widex UNIQUE

Fusion 440 RIC BTE hearing aids (P-receiver). The

hearing aids were programmed using the Compass

GPS fitting software (version 2.0.411.0). This hearing

aid is a 15-channel-wide dynamic range compression
hearing aid with a compression threshold as low as

0 dB HL. The sampling frequency of the analog-to-

digital stage is 33 kHz with an input resolution of 18

bits. The input limit before saturation is 113 dB SPL.

The frequency response of this instrument ranges from

100 to 6400 Hz (ANSI, 2009). The maximum power out-

put of this instrument is 121 dB SPL. This instrument

Figure 1. Averaged audiometric thresholds for left (solid line)
and right (dashed line) ears. Error bars indicate 61SD.
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includes an active feedback cancellation algorithm, two

methods of digital noise reduction, and an environmen-

tal classifier system that adaptively optimizes the pro-

cessing parameters based on the listening environment.
The noise reduction algorithms and classifier were

disabled during this study. An omnidirectional micro-

phone was used to minimize any potential processing

changes as a result of hearing aid orientation. Hearing

aids were programmed using the average hearing loss

from all participants and the default frequency-gain

setting.

The WNA algorithm is designed to reduce the acous-
tic consequence of wind turbulence while maintaining a

good sound quality for other sounds. This algorithm

operates in two stages. In the detection stage, the algo-

rithmuses correlation of signals at the twomicrophones

of the dual-microphone system, the frequency spectrum

of the input signal, and the energy level of the input sig-

nal to make a decision on the presence (or absence) of

wind noise. For the input to be classified as wind noise,
inputs at the two microphones must be uncorrelated. In

addition, its spectrum must be primarily in the low fre-

quencies, and its intensity level has to be .40 dB SPL.

The algorithm proceeds to the attenuation stage only if

all three criteria are met.

Adaptive filtering using LMS is used to reduce wind

noise levels. To illustrate the steps, let us denote the de-

sired acoustic sounds at the two microphones with s1
and s2, and the unwanted wind noise with w1 and w2.

The two signals y1 and y2 entering the hearing aids

are the sum of the acoustic signal and the wind noise,

that is, y1 5 s1 1 w1 and y2 5 s2 1 w2. Because the dis-

tance between the two microphones is much smaller

(z16 mm) than the distance between the sound sources

in the environment and the hearing aid microphones,

we can assume a far-field model for the acoustic sounds.
In a far field, the SPL does not vary significantly with

the small changes in position. Consequently, the de-

sired acoustic signals s1 and s2 picked up by the two mi-

crophones are highly correlated within the bandwidth

of interest (,16 kHz). This is in contrast to the wind

noise signalsw1 andw2, which are highly uncorrelated.

The algorithm uses an adaptive filterH(z) to alter one of

the microphone inputs (Figure 2). The parameters of
this adaptive filter are determined in an iterative man-

ner in an attempt to minimize the difference between

the signals y1 and y2 (see u in Figure 2). Adaptive filter

can only predict the part of the signal y2 that is corre-

lated with y1 (i.e., the desired signal). Because the two

wind signals w1 and w2 are uncorrelated, they are left

out of the predictor output ŝ. Coefficients ofH(z) are re-

cursively calculated such that the mean-squared differ-
ence u is minimized. The wind noise reduction algorithm

works for frequency bands up to and including the band

at 3.2 kHz. The study aid also included a microphone

cover that shields the microphone from the direct wind.

This microphone cover provides broadband reduction of

wind noise by up to 18 dB (Widex SUPER brochure).

Stimuli

All the stimuli used in the current study were prere-
corded in a wind tunnel and presented via insert ear-

phones during the data collection. Use of prerecorded

stimuli allowed us to control for the wind characteristics

across differenthearingaidprocessing conditions.Thepre-

recording was carried out in a wind tunnel at G.R.A.S.

Sound & Vibration A/S in Holte, Denmark. This wind

tunnel is an open-return design consisting of a duct with

a 0.63-m diameter and a 0.315-m-wide exhaust. This tun-
nel uses a 4.4-kW fan rotating at 2,044 rpm (maximum).

It is capable of producing wind speeds up to 10 m/sec.

The recordings were carried out using a Knowles Elec-

tronic Manikin for Acoustic Research (KEMAR; Holte,

Denmark) head and torso simulator placed at the ex-

haust of the wind tunnel. The KEMAR ears were at a

distance of 0.38 m from the exhaust outlet and 0.655 m

from the floor. A loudspeaker presenting the speech
stimuli (G.R.A.S. 44AA Mouth Simulator) was also

placed at 270� azimuth 0.655 m height from the floor

at a distance of 1m from the center of the KEMARhead.

In the aided condition, the study hearing aidwas coupled

to KEMAR’s left ear using a fully occluding earmold.

Output from KEMAR [RA0045 Ear Simulator IEC

60318-4 (60711)] was recorded using Tascam DR-680

portable multitrack recorder (Tascam, Montebello, CA)
with 44.1-kHz sampling frequency. The wind speed

and speech level was calibrated at the location of the

KEMAR head in the absence of the head using an air ve-

locity meter (TSI VelociCheck 8330-M-GB; Shoreview,

MN) and integrating sound level meter (Brüel & Kjær

2238 Mediator; Nærum, Denmark). A 1-kHz calibration

tone was recorded that allowed us to present the stimuli

at the same level as was recorded in the wind tunnel.
Subjective annoyance rating for wind noise was

obtained for wind presented alone without speech. Wind

was presented at wind speeds of 4, 5, 6, 7, and 10 m/sec

Figure 2. Block diagram displaying the adaptive filtering used
to reduce wind noise in the study hearing aid.

50

Journal of the American Academy of Audiology/Volume 28, Number 1, 2017

T
hi

s 
do

cu
m

en
t w

as
 d

ow
nl

oa
de

d 
fo

r 
pe

rs
on

al
 u

se
 o

nl
y.

 U
na

ut
ho

riz
ed

 d
is

tr
ib

ut
io

n 
is

 s
tr

ic
tly

 p
ro

hi
bi

te
d.



with wind originating from 0� or 290�. The angle of 290�
was selected over the 270� (directly to the left) because the
290� anglewas rated to result inmorewindnoise based on

an informal listening test carried out during the record-
ings. Each wind noise sample was 20 sec in duration.

Objective phoneme identification in the presence

of wind was measured using the Widex Office of Re-

search in Clinical Amplification Nonsense Syllable Test

(Kuk et al, 2010). This is an open-set consonant-vowel-

consonant-vowel-consonant test containing 25 English

consonants each appearing at least once in the initial,me-

dial, and final word positions unless prohibited by phono-
tactic constraints. A shortened 32-item female version of

the test was used in the current study. Participants ver-

bally repeated what they thought they heard. The test

administrator listened to the responses and scored the

participants’ responses phonemically using a custom soft-

ware. The stimulus conditions included speech presented

at 60, 65, 70, and 75 dBSPL from270�with thewind orig-

inating from 0� at a wind speed of 5 m/sec. This wind
speedwas selected because it occurs frequently in real life

during outdoors and leisure activities.

Procedure

During data collection the participants were seated

in a 3 3 3 3 2-m (W 3 L 3 H) audiometric test booth

(IACAcoustics, Aurora, IL). The stimuli were presented
to each participant’s left ear using an insert earphone

with a fully occluding foam insert (Eartone 3E; Aearo

Company, Indianapolis, IN). The stimuli were gener-

ated at 44.1-kHz sampling frequency using Echo Audio

Gina 24/96 sound card (Santa Barbara, CA). The pre-

sentation level was controlled by routing the signal

through an audiometer (GSI 61; Grason-Stadler, Eden

Prairie, MN). All the stimuli were presented at the
same level that was measured during the recording

of the stimuli in thewind tunnel. The correct calibration

levels were verified using a sound level meter (Quest

1800; Quest Technologies, Oconomowoc, WI).

The subjective rating of annoyance was measured us-

ing a rating scale from 1 to 7 with a smaller number in-

dicating less annoyance. Specifically the intervalswere 15

not noticeable (and thus not annoying); 2 5 slightly no-
ticeable, but not annoying; 3 5 somewhat noticeable,

but not annoying; 45 slightly annoying; 55 somewhat

annoying; 65 very annoying; and 75 extremely annoy-

ing. The participants indicated their rating for each sam-

ple on a touch screen. Order of presentation across wind

speeds and processing conditions were randomized.

Participants indicated their responses for the annoy-

ance rating on the touch screen computer. For the speech
test, the participants indicated their responses verbally.

The test administrator used a custom software to score

the responses. All test conditions were presented in a

counterbalanced order using a single-blinded design.

RESULTS

Acoustic Analysis

The acoustic effect of the WNA was evaluated by an-

alyzing the output of the hearing aid between theWNA-

ON and WNA-OFF conditions. The spectrum of the

wind was obtained with fast Fourier transform using

a window length of 4,096 points and Blackman window-

ing and averaging across the duration of the whole wind

noise recording for each condition. The ⅓-octave band

levels were obtained by averaging over the fast Fourier
transform values at each frequency region. The level of

the spectrum was normalized to known SPL of the cal-

ibration tone. Figure 3A–E displays the output in dB

SPL for wind alone from 0� at 4, 5, 6, 7, and 10 m/sec

for the WNA-OFF and WNA-ON conditions. Figure

3F shows the difference in spectra between the WNA-

OFF and WNA-ON conditions. The overall dB SPL

for wind from 0� and 290� azimuths were tabulated
in Table 1. The level of the output (dB SPL; Table 1)

ranged from 81 to 109 dB SPL with greater levels of

wind noise for wind from 0� than from 290�. Levels were

higher with WNA-OFF than WNA-ON, except at 4 and

5 m/sec wind speeds when wind originated from 290�.
The greatest effect of WNA was measured at frequen-

cies between 315 and 2500 Hz (Figure 3). The greatest

attenuation (14.6 dB) wasmeasured at 500Hzwhen the
wind speedwas 4m/sec. Themaximumattenuationwas

measured at 1 kHz at wind speeds 5, 6 and 7 m/sec. The

amount of attenuation was 17.2, 16.3, and 16.5 dB at

wind speeds of 5, 6, and 7 m/sec, respectively. At

10 m/sec wind speed, the maximum attenuation

(18.3 dB) was measured at 2000 Hz. The amount of at-

tenuation provided by the WNA algorithm was the

greatest when wind speed was 10 m/sec.

Subjective Rating of Annoyance

Figure 4 displays the median annoyance ratings for

wind presented alone from an azimuth of 0�. The annoy-
ance ratings were consistently higher with WNA-OFF
than with WNA-ON (i.e., more annoying with WNA-

OFF). The difference in median ratings between the

WNA-ON and WNA-OFF conditions was the greatest

at a wind speed of 6 m/sec where the rating changed

from7 (extremely annoying) withWNA-OFF to 5 (some-

what annoying) withWNA-ON. In addition, the median

rating of 7 (extremely annoying) was reached at a wind

speed of 6 m/sec with WNA-OFF. The same rating was
not reported until at a wind speed of 10 m/sec when

WNAwas activated (WNR-ON). The annoyance ratings

were significantly higher with WNA-OFF than with

WNA-ON for wind speeds 4, 5, 6, and 7 m/sec (Z 5

3.06, 2.23, 3.14, and 2.65, respectively; p , 0.05) using

a Wilcoxon signed-rank test. There was no significant
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difference in ratings between WNA-ON and WNA-OFF
(p . 0.05) at the wind speed of 10 m/sec.

Figure 5 displays the participants’ median annoyance

ratings when wind was presented from 290�. Again, the
annoyance rating was consistently higher with WNA-

OFF than with WNA-ON (i.e., more annoying with

WNA-OFF). The difference between the WNA-ON
and WNA-OFF when the wind speed was between 6

and 7 m/sec (difference of 1 point) was statistically sig-

nificant (Z 5 2.06 and 3.19, respectively; p , 0.05).

There was no significant difference in annoyance rat-

ings between WNA-ON and WNA-OFF for wind speeds

Figure 3. Output of the hearing aid in dB SPL at ⅓-octave bands for wind coming from an azimuth of 0� with WNA-OFF (solid) and
WNA-ON (dashed) at (A) 4 m/sec, (B) 5 m/sec, (C) 6 m/sec, (D) 7 m/sec, and (E) 10m/sec. Levels are normalized to a known SPL calibration
tone. (F) Difference between the WNA-OFF and WNA-ON conditions at each wind speed.
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at 4, 5, and 10 m/sec (p . 0.05). Unlike wind from 0�,
subjective rating did not reach ceiling with WNA-OFF

at a wind speed of 6 m/sec, suggesting that wind from

the side was less annoying than wind from the front.

Speech-in-Wind Performance

Figure 6 displayed a scatterplot showing phoneme

identification scores (in %) of each participant with

WNA-ON on the abscissa and WNA-OFF on the ordi-
nate. At a speech level of 60 and 65 dB SPL, the perfor-

mance withWNA-OFFwas close to zero. Only at higher

speech levels (70 and 75 dB SPL) were the participants

able to identify some speech with WNA-OFF. With

WNA-ON all participants were able to perform .0%

level even when speech was presented at the softest

level of 60 dB SPL. The average phoneme identification

scores with WNA-ON were 34.4%, 49.6%, 64.4%, and
68.1% for 60, 65, 70, and 75 dB SPL speech levels, re-

spectively, and with WNA-OFF were 0%, 1.4%, 31.4%,

and 57.8% for 60, 65, 70, and 75 dB SPL speech levels,

respectively (Figure 7). The difference in performance

between WNA-ON and WNA-OFF was statistically sig-

nificant at all speech levels (p , 0.01).

Because the phoneme identification scores were
measured at multiple speech levels, we could estimate

the signal-to-noise ratio (SNR) benefit that the WNA

algorithm provides at a given performance level. Fig-

ure 7 illustrates how the SNR benefit estimate was

obtained. First, the performance-intensity functions

measured with WNA-OFF and WNA-ON were gener-

ated by connecting the measured phoneme scores at

60, 65, 70, and 75 dB SPL presentation levels. The hor-
izontal distance between these two functions at a par-

ticular performance level (e.g., say 50%) reflected the

signal level difference that resulted from the WNA al-

gorithm. For phonemes, the SNR benefit when using

the WNA feature was 8.39 dB at the 50% speech

performance level.

DISCUSSION

The current study showed that the WNA algorithm

reduced the amount of wind noise at the hearing

aid output by 13 to 18 dB at 1 kHzwhenwind originated

from an azimuth of 0� at speeds ranging from 4 to 7m/sec,

and by as much as 19 dB at 2200 Hz at a wind speed of
10 m/sec. This attenuation resulted in reduced subjec-

tive annoyance for wind and improved speech identifi-

cation performance at a speed of 5 m/sec. The benefits

reported were based on adaptive filtering using inputs

from the two microphones to derive an estimate of the

correlated input signal. Because of the uniqueness of

this feature, the results of the current study may not

be generalized to other wind noise reduction algorithms
that use other strategies.

Table 1. Wind Noise Levels (dB SPL, C, Slow) Measured
at the Output of the Hearing Aid with WNA-ON and WNA-
OFF for Wind Azimuths 0� and 290�

Wind Speed

(m/sec)

Wind Noise Levels (dB SPL)

Wind Azimuth 0� Wind Azimuth 290�

WNA-OFF WNA-ON WNA-OFF WNA-ON

4 89 83 81 81

5 93 86 82 82

6 99 90 93 87

7 101 92 99 89

10 109 98 108 98

Note: C 5 C-weighting.

Figure 4. Median listener rating of annoyance (1–7) when the wind was presented alone from 0� at speeds 4, 5, 6, 7, and 10 m/sec.
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Wind noise algorithms based on bilateral level differ-

ences between the two ears would likely not provide

benefit when wind originates from 0�. This is because

when wind originates from the front, there is no signif-

icant difference in thewind noise levels between the two

ears. Thus, the results seen in the Latzel and Appleton

(2013b) study that evaluated a binaural speech in wind

feature may not be evident under the current test con-
ditions. Unlike the current study, participants in the

Latzel and Appleton (2013b) study were able to identify

speech at 65 dB SPL speech with .50% accuracy even

without the use of wind noise reduction algorithm. We

can identify at least two reasons for the difference in

reported performance between the two studies. First,

the lower wind speed used in the Latzel and Appleton

(2013b) study likely resulted in lower wind noise level

than in the current study. Wind speed has been shown

to be a significant factor in the overall level of wind

noise (Zakis, 2011). Lower wind noise level would result

in more favorable SNR when using a fixed speech level.

Second, because in the Latzel and Appleton (2013b)

study the wind originated from 60�, the amount of wind
at the opposite ear may have been lessened by the head

shadow, allowing the listener to use the ear with better

SNR for speech identification. The acoustic analysis

showed that the current algorithm lowered the wind

noise level and reduced the subjective annoyance when

wind originated from the side (290�). Furthermore, we

showed that the WNA algorithm improved speech iden-

tification performance. Therefore, we expect that the
WNA algorithm used in the current study would also

be beneficial for the conditions used in the Latzel and

Appleton (2013b) study but not vice versa.

One may wonder if traditional noise reduction ap-

proaches such as Wiener filtering and spectral subtrac-

tion methods, which have been used for acoustic noise

reduction (Kuk et al, 2002; Dillon, 2012), may be suit-

able for wind noise reduction. Acoustic noise reduction
algorithms take advantage of the spectral differences of

speech and noise to suppress unwanted noise. Wiener

filtering algorithm attempts to minimize the mean-

squared error between the desired input and the

filtered output. The spectral subtraction algorithm es-

timates the noise spectrum, and then subtracts it from

the noisy speech spectrum to get an improved estimate

of the original speech. Both of these methods obtain an
estimate of the noise during the pauses in the desired

signal using a voice activity detector. The primary prob-

lem is that they assume stationary signals. However,

Figure 5. Median listener ratings of annoyance (1–7) when the wind was presented alone from 290� at speeds 4, 5, 6, 7, and 10 m/sec.

Figure 6. Phoneme identification performance for each of the 15
participants with and without the WNA algorithm. Wind origi-
nated from 0� at 5 m/sec speed. Speech was presented at 60, 65,
70, and 75 dB SPL from 270�.
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wind noise is typically nonstationary and constantly

changing in spectrum. Thus, the noise estimates
obtained during the speech pauses would not be valid

if and when the wind characteristics change during

the speech segment. In the adaptive filter–based algo-

rithm used in the current study, the noise detection and

the noise estimation are inexplicitly built into one algo-

rithm. Therefore, there are no separate circuits dedi-

cated for noise estimation. This means it can operate

even in nonstationary wind noise, because it constantly
adapts to the wind noise, even during speech. Second,

the current algorithm attenuates only the uncorrelated

wind noise and spares the acoustic signals from gain re-

duction. In spectral-shaping-based methods, all sounds

(correlated and uncorrelated) in a given frequency re-

gion are reduced in level by the same extent based on

the gain reduction applied to that frequency region.

Consequently, while the overall output level of the hear-
ing aid may be reduced, the unfavorable SNR at each

frequency channel resulting from wind noise remains.

These approaches may be effective in improving lis-

tening comfort in windy situations, but they may

have limited effectiveness in improving speech-in-

wind performance. The current algorithm does not

reduce the level of desired speech sounds (correlated)

while reducing the level of the unwanted wind noise
(uncorrelated).

Participants consistently rated the annoyance from

wind noise higher with WNA-OFF than with WNA-

ON. The greatest change in annoyance was measured

when the wind originated from 0� at a speed of 6 m/sec.

In this condition, the use of the WNA algorithm

changed the median subjective rating from “extremely

annoying” to “somewhat annoying.” For the highest

tested wind speed (10 m/sec), there was no difference

in the perceived annoyance between WNA-ON and
WNA-OFF despite the results of the acoustic analysis

showing that the WNA algorithm reduced the wind

noise by 18.3 dB at 2200 Hz at a wind speed of 10 m/sec.

This suggests that there is an upper limit at which

theWNA feature is “perceived” to be beneficial. This up-

per limit may be set by the absolute level of wind noise

measured at the output of the hearing aid, for example,

the level of wind noise at 10 m/sec was 98 dB SPL in the
WNA-ON condition. This is comparable to the WNA-

OFF condition at 6m/sec, which was 99 dB SPL. In both

cases, participants rated the wind noise as “extremely

annoying.” Unless the WNA algorithm can attenuate

even more noise levels at higher wind speeds, its use

will be limited to moderately windy situations only.

The current data set also allowed us to estimate the

subjective annoyance associated with the level of in situ
wind noise by combining the subjective ratings (Figures

4 and 5) with the measured dB SPL levels of noise (Ta-

ble 1). The wind noise levels at the hearing aid output,

the wind speeds required to generate these wind level

with WNA-OFF and WNA-ON, and the associated sub-

jective annoyance ratings are shown in Table 2. For ex-

ample, when the output wind noise level was between

81 and 83 dB SPL, the annoyance rating was “slightly
annoying.” When the output wind noise level was be-

tween 86 and 90 dB SPL, the annoyance rating was

“somewhat annoying.” This confirms that the annoy-

ance rating was driven by the absolute SPL of wind

noise at the hearing aid output. The absolute SPL of

the wind noise at the hearing aid output was influenced

by the processing condition, wind speed, and wind di-

rection with generally lower wind noise level with

Figure 7. Phoneme identification performance averaged across all participants for WNA-ON and WNA-OFF conditions when speech
was presented from 270� at 60, 65, 70, and 75 dB SPL and wind originated from 0� at 5 m/sec speed. The error bars represent61SD. The
arrow highlighting the horizontal distance between the performance functions represents the SNR benefit at 50% speech performance
level.
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WNA-ON than with WNA-OFF for same wind condi-
tions. It should be noted that, since the study aid included

a protective microphone cover, the wind speeds required

to produce the output levels and subjective annoyance

ratings listed in Table 2 would likely to be lower with

a hearing aid that does not have a microphone cover.

Or, if the wind speed is fixed, the hearing aid without

a microphone cover would result in worse subjective an-

noyance rating than listed in Table 2.
While WNA strategies may reduce the annoyance

caused by wind noise through gain reduction, they

could negatively affect the perception of desirable

sounds, such as speech if the gain for both desirable

sounds and undesirable wind noise is reduced. A merit

of the current LMS filtering–based approach to WNA is

the potential that the uncorrelated wind noise could be

reduced without affecting the integrity of the correlated
speech sounds. Thus, we measured phoneme and word

identification performance in the presence of wind

noise. The results demonstrated that the use of the

WNA algorithm improved speech identification perfor-

mance for a range of wind speeds. When wind origi-

nated from an azimuth of 0� at 5 m/sec the wind

turbulence was loud enough to mask the 60 and

65 dB SPL speech almost completely in the WNA-
OFF condition. When using the WNA algorithm, the

phoneme identification accuracy improved to 34.4% for

60 dB SPL speech and 49.6% for 65 dB SPL speech.

At this wind speed, the hearing aid wearers provided

a median annoyance rating of “very annoying” when

not using the WNA algorithm. This could lead some

hearing aidwearers to turn off ormute their hearing aids

completely to ensure a comfortable listening experience.
Somemay not even want to use their hearing aids in sit-

uations where wind may be expected. In so doing, their

speech intelligibility could be compromised greatly. Con-

sidering that a majority of hearing aids dispensed today

are BTE and RIC styles, (Strom, 2013) which are most

prone to wind turbulence (Dillon et al, 1999), the use

of an effective WNA algorithm would seem to be most

appropriate.
A reduction of the wind noise level increased the

speech-to-wind ratio because the wind noise level at

the hearing aid input was fixed. This enabled the

participants to hear some of the speech sounds at lower
speech levels with the WNA algorithm. One would ex-

pect the difference betweenWNA-ON andWNA-OFF to

reduce as the speech input levels increased. This was

indeed the case when the benefit decreased from

z50% at a speech level of 65 dB SPL to only 10% at

the 75 dB SPL speech level. This does not mean that

a higher speech level does not yield speech benefits.

On the contrary, a higher speech input may show com-
parable increase in speech intelligibility at awind speed

.5 m/sec used in this study. The acoustic analysis

showed that the WNA algorithm was successful in re-

ducing the amount of wind noise even at higher wind

velocities (6, 7, and 10 m/sec). And at such higher wind

speeds, it is also normal for the talkers to raise their voi-

ces to result in a higher speech level for the listeners.

This suggests that the WNA algorithm may potentially
be effective in providing speech-in-wind benefit even at

higher wind speeds than that used in the current study.

In the current study, the speech performance was

measured with wind originating from the front (0� azi-
muth) and speech presented from the side (270� azi-

muth). Some may question if the same results would

be obtained if both speech and wind originated from

the same (or similar) direction. There are both theoret-
ical and practical reasons for the choice of the current

test conditions. Theoretically, wind noise is a result of

the turbulence at the hearing aid microphone. As such,

it is not an external sound, and thus it does not have a

direction per se, even though the wind flow that causes

the turbulence has a direction. In fact, this property of

wind noise being spatially uncorrelated is exploited in

the detection and attenuation of the wind noise in the
present WNA algorithm. Thus, we would expect the

WNA algorithm to improve speech-in-wind perfor-

mance even if speech originated from the same direction

as the wind that generated the wind noise. The current

test condition was chosen for two reasons. First, this is

likely the most common wind scenario hearing aid

wearers experience in the real world. This scenario cor-

responds to walking with someone outdoors side by side
and talking to that person. A second practical reason

was that positioning the loudspeaker in the front of

the wind tunnel outlet would have restricted the wind

Table 2. Measured Wind Noise Levels at Hearing Aid Output, Associated Subjective Annoyance Ratings, and Wind
Conditions that Generated These Levels with WNA-OFF and WNA-ON

Wind Noise Level, Output (dB SPL) Subjective Annoyance Rating

Wind Speed (m/sec)

Wind from 0� Wind from 290�

WNA-OFF WNA-ON WNA-OFF WNA-ON

81–83 Slightly annoying — 4 4–5 4–5

86–90 Somewhat annoying 4 5–6 — 6–7

92–93 Very annoying 5 7 6 —

$98 Very/extremely annoying 6–10 10 7–10 10
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flow directed toward the KEMAR manikin. For these

reasons, we choose the wind front, speech side test con-

dition used in this study.

It should be noted that the wind speed observed in
real life is the vector sum of the true wind and the head-

wind experienced in still air due to physical movement.

This phenomenon is called “apparent wind.” For exam-

ple, a hearing aid wearer walking at 1 m/sec against a

3m/sec windwould result in 4m/sec apparentwind at the

hearing aid. Alternatively, a hearing aid wearer jogging

at 3 m/sec with 3 m/sec downwind would not experience

any wind assuming the running direction being identi-
cal to wind direction. Therefore, the range of wind con-

ditions that the WNA algorithm would be beneficial

may differ in real-life situations based on themovement

of the hearing aid wearer. Notably, the hearing aid

wearer in movement could be experiencing wind noise

even in calm environmental wind conditions. A special

example of such situation is exercising indoors (run-

ning, playing tennis, or basketball).
Wind noise is encountered by all hearing aid wearers

especially those who spend time outdoors. Wind can

therefore limit environments in which the hearing

aid can perform satisfactorily. The LMS-based wind

noise algorithm in the current study was demonstrated

to reduce annoyance for a range of wind speeds while

simultaneously improving speech intelligibility. The

current WNA algorithm could therefore seamlessly ex-
pand the range of real-life situations where a hearing

aid wearer can listen comfortably. This can promote

consistent use of the hearing aid and promote effortless

hearing. Because of the potential benefits that this fea-

ture may offer, its inclusion in hearing aids as a neces-

sary feature should be considered.
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