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The frequency response of a headphone is very important for listener satisfaction. Listener
preferences have been well studied for frequencies below 10 kHz, but preferences above that
frequency are less well known. Recent improvements in the high-frequency performance of ear
simulators makes it more practical to study this frequency region now. The goal of this study
was to determine the preferred headphone response for insert headphones for the audible range
above 10 kHz. A new target response is proposed, based on listener preference ratings in a blind
listening test. The results show a clear preference for significantly more high-frequency energy
than was proposed in a previous popular headphone target curve. The preferred response is
also affected by the listener’s hearing thresholds, with additional high-frequency boost being
preferred for listeners with age-related hearing loss.

0 INTRODUCTION

Listener preferences for headphones are most strongly
determined by their frequency response [1], but the re-
sponse at very high frequencies has not been closely stud-
ied. This study aims to find the preferred response of head-
phones above 10 kHz. Researchers have proposed various
target frequency response curves, with the work by Sean
Olive and colleagues at Harman showing good correlation
to listener ratings. However, Olive et al. noted that their
work is mainly applicable up to 12 kHz due to technical
limitations at the time of the study [2]. The preferred curve
at higher frequencies has not been closely studied or val-
idated with listening tests. This report focuses on listener
preferences from 10 kHz to the upper limit of hearing, to be
used in combination with the recommendations of Olive et
al. at lower frequencies. It expands on results shared earlier
by these authors [3].

Recent technical developments have increased interest in
testing preferences above 10 kHz. Ear simulators are now
available with tight tolerances up to 20 kHz. More insert
headphones are including dedicated high-frequency drivers,
and wireless headphones universally have electronic equal-
ization available to enable tailoring of the high frequency
response. The goal of this research is intended to help head-
phone designers better match their designs to listener pref-
erences, providing a target curve that can be measured using
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an ear simulator that corresponds well with high subjective
ratings from listeners. A further goal of this research is to
learn how normal age-related hearing loss alters the pre-
ferred response of earphones.

SEC. 1 of this report covers previous work on target head-
phone responses. SEC. 2 explores factors important to the
design of this preference test. SEC. 3 describes the test
results. SEC. 4 examines the accuracy and validity of the
results, followed by a discussion and conclusions in SEC. 5
and 6.

1 RELATED WORK

There is no direct way to predict the optimal headphone
response curve, because a single curve cannot match the
complex transmission path from sound in a room to the
eardrum when one is not wearing earphones. Sounds in a
room reach our ears via both direct and reflected paths,
with each path being filtered differently by our hearing
system depending on its direction of arrival. This, in turn,
is continuously altered as our heads are always moving as
we respond to sounds. Therefore, an empirical approach is
needed to find a headphone response curve that forms a
suitable approximation to open ear listening.

Several headphone response curves have been proposed
for headphones. Many of these attempt to mimic how sound
from a source reaches the eardrum using a single or a combi-
nation of several head-related transfer functions (HRTF) for
a listener. For example, one can use the free-field response
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Fig. 1. Olive et al. recommended headphone frequency response.

for a sound source aligned directly in front of the listener,
or at an azimuth of 22◦, to mimic the typical direction of
first arrival from a stereo loudspeaker [4].

Another proposed approach is to use the diffuse-field re-
sponse, which is the average of HRTF curves for all possible
arrival directions [5], similar to listening in a highly rever-
berant space. This method avoids assuming any specific
direction for a sound source but fails to match the sound for
any particular direction of arrival. An in-between approach
is an average of the frontal hemisphere or some narrower
range of angles. This might approximate the effect of in-
cluding some early reflections along with the direct sound
[6]. Another approach is to use a mixture of the diffuse-
field response and a range of free-field response curves,
adjusted to approximate the balance of diffuse and direct
energy arriving at ear the in a given listening scenario [7,8].
The appropriateness of these proposed curves have not been
verified with controlled listening tests.

Many recommendations for headphone responses use
measurements made at the entrance to the ear canal. This
is not practical for insert headphones, which block the en-
trance to the ear canal. These devices must be measured at
the eardrum reference point (DRP) using an ear simulator.
Converting pressure at the ear canal entrance to the DRP
requires applying a correction specific to the ear simulator
or an individual’s ear. Recommendations made in this paper
will be referenced to the DRP.

Olive et al. [1] recommended a curve based on the sound
arriving at the DRP of a mannequin from speakers in a
reference room, with further adjustments based on listener
recommendations (Fig. 1). Olive et al. demonstrated that
this correlated well to subjective ratings, with slightly dif-
ferent bass responses desired for over-the-ear and in-ear
headphones (in ear shown).

The curve shown in Fig. 1 is known in the headphone
industry as the “Harman curve.” It has a boost below 200 Hz
that mimics the average influence of room resonances in the
Harman Reference Room to the sound of speakers [9]. Like
the diffuse-field curve, it includes a boost from 3 to 8 kHz

that mimics the effects of the open ear canal resonance and
pinna. The curve above 10 kHz shows a steep attenuation
with frequency. Olive et al. stated that their group chose
not to equalize their headphone above 12 kHz because of
the uncertainty in the headphone measurements and in the
presentation to the listeners. Therefore, it seems likely the
Harman curve above 12 kHz represents the response of
their reference headphones used in testing rather than an
idealized response based on listener preferences.

2 TEST METHOD OVERVIEW

A goal of this investigation was to build on the work
of Olive et al., providing new information in the 10-kHz to
20-kHz region. The methods described in this article were
matched as closely as possible to the methods used by Olive
et al., including the use of Multiple Stimulus with Hidden
Reference and Anchor (MUSHRA) double-blind testing
with the virtual headphone method. Additional steps were
required to overcome issues specific to high-frequency op-
eration. These issues include the selection of appropriate
music, the effect of the subject’s hearing thresholds, head-
phone measurement accuracy, and the choice of appropriate
test curves.

2.1 High-Frequency Controls
To reduce bias, the music chosen for testing was se-

lected to have spectra similar to typical popular music. By
definition, this genre represents the music with which the
most listeners will have had some experience and are most
likely to hear in future headphone usage. An average of the
spectra of 200 popular songs from two most recent decades
was used as a reference for selecting song excerpts and is
shown in Fig. 2. This was inspired by the work of Elowsson
and Friberg [10] and by Pestana et al. [11].

Ten music recordings were randomly selected from each
of the years from 2001 to 2020, for a total of 200 recordings.
Unique to this work is the use of gating, to exclude portions
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Fig. 2. Spectra of 200 Pop songs. Heavy black line indicates the
group average.

Fig. 3. Test excerpts. Spectra are similar to 200-song average.

of songs in which high-frequency instruments were not
playing, such as during the introductions of songs. Data are
presented using 1/12th octave integration. The upper and
lower dashed lines are based on standard deviation, showing
that 95% of the songs fit within ±6 dB of the average curve.
The dashed lines are not a perfect fit to the data, because
the distribution of spectra is not Gaussian, especially at the
lowest frequencies.

Another criterion for song selection was to have the high-
frequency energy supplied by familiar acoustic sources for
which the listeners would have strong internal references,
such as percussion instruments and voice. Short clips were
used of “Breathin’” by Ariana Grande, “Break My Heart”
by Dua Lipa, “Only Human” by the Jonas Brothers, and
“Gives You Hell” by the All American Rejects. Clips were
taken from the chorus sections of the songs, where the
greatest number of instruments were likely to be playing
and the spectra were most consistent. Fig. 3 shows the
songs are representative of the 200 song average. One clip
had significantly less energy below 50 Hz, but that was
not expected to alter judgements of high-frequency energy
because that still includes most bass guitar notes.

The presentation level is known to alter impressions
of timbre, as is reflected in the equal loudness curves in
ISO 226 [12]. Therefore, it is important to use a consistent
presentation level. Music was presented at 80 dB SPL, to
be consistent with the SPL used by Olive et al. in their

Fig. 4. Audibility of 80-dB SPL average pop music.

development of the Harman curve that is used as a basis for
this experiment.

The music spectral analysis can also be used to predict
the audible bandwidth of the musical energy. This allows
the experiment designer to know the bandwidth that can
impact user ratings of headphone quality. In Fig. 4, the
upper curve shows the music spectrum, and the lower curve
is the typical hearing threshold data at the DRP for people in
the age range of 22 to 35 years old [13]. The music content
and the audibility curves cross near 17 kHz, although the
exact crossing point depends on the headphone response
shape and the loudness of the music. Above this frequency,
the music content is not loud enough to be heard.

In this graph, the music spectrum is adjusted to show
the energy at the DRP. While the curve in Fig. 2 shows the
spectrum of the music if replayed into free space through a
system with perfectly flat frequency response, Fig. 4 shows
the spectra of the same music at the DRP, for music played
through a headphone having a response matching the Har-
man curve from Fig. 1. The headphone loudness has been
adjusted to match 80-dB SPL presentation in a free space
by using the inverse of the diffuse loudness curve.

The high-frequency response of headphones varies de-
pending on the method used to measure them. A gen-
eral background of headphone measurement is provided
in [14]. Different designs of ear simulators provide differ-
ent responses. None of them can match the precise acoustic
properties of an individual’s ears, due to their complexity
and to the great variations between individual ears [15].
Standardized ear simulators provide a reasonable, if im-
perfect, method for comparing headphones. Headphones in
this study were measured using the GRAS Sound and Vibra-
tion RA0401 ear simulator, which is based on IEC 60318-4
[16]. This device has a tolerance of ±2.2 dB from 10 to 20
kHz [17]. This tight tolerance is achieved by damping the
12-kHz resonance that occurred in previous IEC 60318-4–
compliant ear simulators. All headphone target curves in
this paper are based on measurements made using this ear
simulator.

Another ear simulator that provides excellent high-
frequency response is the 4620 made by Brüel and Kjær
(and described in ITU P.57 4.3 [18]). It is beyond the scope
of this paper to determine which of these devices better rep-
resents a typical ear. Both provide useful mimicry of human
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Fig. 5. Headphone measurement using funnel-shaped adapter.

Fig. 6. Custom Knowles headphone used for listening tests. Arrow
indicates path for MEMS microphone to sense ear canal sound.

anatomy. However, the differences in ear canal geometry
and the acoustic impedance of this simulator are different
enough that one cannot use a simple calibration to convert
measurements made on this simulator to reliably replicate
curves made on the GRAS ear simulator. Therefore, exper-
imenters will need to use a device with an impedance and
geometry similar to the GRAS ear simulator to replicate the
results presented here.

Measurements for this study were made using a metal
funnel-shaped adapter, as shown in Fig. 5. This avoided
variability that can occur when using pinna with an ear
simulator. The insertion depth and alignment of headphone
opening axis to the ear canal axis are more variable when
using a pinna, causing variation in the high-frequency re-
sponse. Although the shape and material properties of this
adapter are quite different that that of a rubber pinna, the
effective canal length is similar, so that the acoustic reso-
nances in the 10- to 20-kHz region are generally similar to
that measured with a GRAS rubber pinna. Although not a
perfect solution, the errors introduced by using this coupler
were smaller than the potential errors that can occur with a
poor fit to the rubber pinna.

A headphone with extended high-frequency response
was selected for the listening tests. This was a custom head-
phone using a 7-mm-diameter moving coil driver made by
UTM for the woofer and a Knowles WBFK balanced arma-
ture tweeter (Fig. 6). Each driver had a separate outlet tube
to the rubber ear tip to ensure a smooth and extended high-
frequency response. A Micro-Electro-Mechanical System
(MEMS) microphone was added to enable checking if the
headphone was properly sealed to the subject’s ear. The
change in bass response that occurs with a leak could alter
the subjects’ judgements of treble to bass balance.

Each headphone was equalized to have a flat response
before applying the various test curves. Equalization gain

Fig. 7. Headphone response before (dark) and after calibration
equalization (light).

was limited to 20 dB to avoid requiring excessive voltage,
providing flat response up to 18 kHz. A typical post equal-
ization response is shown in Fig. 7. Although this falls short
of the 20-kHz goal, it exceeds the limit of music audibility
determined earlier, so 18-kHz bandwidth was sufficient for
this test.

A unique impulse response representing the corrective
equalization was created for each earpiece of each head-
phone. The calibration also included the response of the
listening test headphone amplifier interacting with the head-
phone.

Playback was through a StarTech ICUSBAUDIO2D ex-
ternal sound card and headphone amplifier connected via
USB audio interface to a laptop computer. Playback was
controlled using a Cycling 74 Max patch. All signal pro-
cessing and playback were done at a sample rate of 48 kHz.
Any signal processing effects within the Windows Sound
system were disabled.

The music recordings were convolved with the head-
phone calibration impulse response and an impulse re-
sponse representing each target filter to create the program
excerpts used in the test

hfinal = hcal ∗ htarget ∗ hmusic. (1)

The calibration and target transfer functions were each
8,192-point impulse responses.

2.2 Curve Selection
An inherent limitation of preference testing is that sub-

jects can only compare a limited number of alternatives
with good repeatability. Larger numbers of choices cause
both fatigue and confusion, leading to more random vari-
ation in the results. This test limited the choices to eight,
including the anchor and the hidden reference. A series
of less rigorous small-group listening tests were used to
narrow down the range of possible curves to be used later
with more rigorous testing of a larger group of subjects.
As stated before, frequencies above 17 kHz were not ex-
pected to be audible. The region from 10 to 17 kHz has a
3/4 of an octave-wide frequency span, so it cannot contain
many peaks and valleys unless they have very high Q. Such
narrow features were not expected to be needed, especially
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Fig. 8. Filter prototypes for testing. Shelving filters on left, peak filters on right.

after examining HRTF curves. Therefore, only simple filter
shapes were explored.

The target curves were formed by superimposing filter
shapes onto the Harman curve, rather than independently
creating new responses. This ensured smooth transitions
from the original low-frequency curve to the experimental
high-frequency curves. Shelving and peaking filters were
explored. The use of a MUSHRA test interface (described
in SEC. 2.3) allowed trying a wide variety of curves during
the initial exploration.

Shelving filters were found to apply gain inefficiently.
High-order filters were needed to provide significant gain
in the 12- to 14-kHz region while minimizing changes at
frequencies below 10 kHz. However, such high-order filters
produced very high gain near 20 kHz (Fig. 8), where sig-
nals are inaudible. This required very high dynamic range.
Peak filters were more effective for creating useful change
within the audible range while not requiring extreme gain
at inaudibly high frequencies.

Digital peaking filters with a center frequency near
the upper band limit show considerable frequency warping
compared with the equivalent analog filter, reducing the fre-
quency where a given amount of boost occurs. This creates
additional gain in the 10-kHz region. To avoid frequency
warping, prototype filters were created using a 96-kHz sam-
ple rate, then their impulse responses were down-sampled
to 48 kHz for later use in convolution filtering of the mu-
sic. This provided a filter shape more similar to that of an
analog filter.

Initial trials of peak filters explored a range of gain, Q val-
ues, and center frequencies. The best-liked filters provided
a strong boost at the upper end of the audible frequency
range, with progressively less boost when approaching 10
kHz. A peak filter with a center frequency of 16 kHz with a
Q of 4 was found to be an effective way to achieve this. The
remaining variable to be tested was the appropriate filter
gain.

The final large-group trials presented music with a range
of different boosts and no change to the center frequency
of 16 kHz or the Q of 4. The combined effect of the filter

Fig. 9. Curves used in large group testing. Modification curves
shown as dashed lines, offset by 30 dB for readability. Combined
response of Harman curve and modification curves shown as solid
lines.

variations is shown in Fig. 9. The upper dashed lines are
the modification curves, and the lower solid lines are the
combined effect of the Harman and the modification curves,
which were presented to the subjects. The Harman curve is
shown in bold.

The higher gain curves show a spillover effect below the
10–20-kHz region of interest, which is the result of keeping
the Q constant. This was considered acceptable for two rea-
sons. First, increasing the filter sharpness while increasing
the gain risks confounding two perceptual effects with one
adjustment—brightness and ringing. Pretrials had already
shown the listeners did not like high Q filters. Second, al-
though the primary goal was to retain the Harman curve
for frequencies below 10 kHz for listeners with normal
hearing, it was expected that listeners with reduced hearing
ability may desire some compensation in the octave below
10 kHz, so some alteration of frequencies below 10 kHz
was considered acceptable for high gain equalizations.

The lowest curve shown in Fig. 9 is the anchor curve,
an 8-kHz, second-order, low-pass–filtered version of the
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Fig. 10. Average hearing thresholds rise as people age.

Harman curve. The anchor curve removes most of the en-
ergy in the high-frequency region being explored, serving
as a worst case example. Subjects who prefer the anchor
likely do not want to hear high-frequency sound, which
makes them outliers from most music listeners. The filter
design for the anchor curve was limited to second order with
Butterworth damping to avoid the risk of creating ringing
artifacts near the corner frequency.

The second lowest curve in Fig. 9 is the Harman curve,
which was selected as the hidden reference to be included in
all tests. It was selected because it has been studied in great
detail already [19] and is known to receive good ratings
from listeners. The ITU MUSHRA test recommendation
was originally created for the measurement of audio im-
pairment, not for preference testing. However, its ability to
avoid many sources of bias in subjective testing is equally
useful for preference testing. The role of the hidden refer-
ence, though, changes for preference testing. In impairment
testing, the hidden reference is used to determine how accu-
rately the subjects judge a sound with no impairment. For
preference testing, there is no unimpaired choice possible.
Instead, the reference reveals if the subjects prefer to depart
from the best previously known practice.

The test was structured to control for hearing ability,
as this was expected to influence preferences for high-
frequency response. Fig. 10 shows average hearing thresh-
old data vs. age for people who have clinically normal hear-
ing [13]. These data were collected by Lee and associates
using ear canal depth-compensation calibration of the sig-
nal source. This improves the accuracy of high-frequency
measurements by accounting for how sound reflected from
the ear drum affects the pressure at the calibrating micro-
phone. The change in high-frequency thresholds between
age groups is shown in Fig. 11, displayed in a format re-
sembling audiograms. There is a gradual loss of hearing
up to about 10 kHz, with a steeper change above that. The
elevated thresholds not only make some sounds inaudible,
but the perceived loudness of sounds near threshold levels
is reduced, a phenomenon called recruitment [20]. Sounds
near threshold are affected much more strongly than sounds
well above threshold.

Subjects were assigned to groups based on similarity of
their audiograms to the curves of Fig. 11, rather than using
their actual age, yielding a fairly even distribution across

Fig. 11. Change in hearing thresholds with age, relative to 10–
21-year-old group.

Fig. 12. Typical MUSHRA user interface (from Institute of Sound
Recording).

the four age groups. They were tested using a wideband
audiometer that provided measurements up to 20 kHz. Al-
though some subjects had significant high-frequency loss,
only two subjects were hearing aid users. A total of 133
subjects were tested. Subjects were primarily Knowles em-
ployees, and were all in the United States. With just a couple
exceptions, none had training in listening testing.

2.3 Test Method
Testing was done using the virtual headphone [21]

method with the MUSHRA method [22], similar to that
used by Olive et al. The virtual headphone method uses
equalization of a reference headphone to replicate the sound
of alternative designs. The user interface used in testing is
shown in Fig. 12 [23], with each slider representing a differ-
ent equalization of the headphone. Subjects could rapidly
switch between different equalizations with no interruption
to the music and compare any particular equalization to an-
other in rapid succession. The number of equalizations was
limited to eight to avoid overwhelming the subjects. This in-
cluded six curves with various amounts of treble boost, the
Harman curve as the reference, and the low-pass–filtered
anchor curve.

To reduce the required number of curves, a somewhat
different selection of curves was provided for each age
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Table 1. Filter boosts used in MUSHRA test.

Age Boost Selections (3-dB steps)

22–35 years 3–18 dB
36–45 years 6–21 dB
46–55 years 9–24 dB
56–65 years 12–27 dB

group, based on preferences observed in preliminary tri-
als (Table 1). A step size of 3 dB between equalizations
was chosen as a compromise between having fine ampli-
tude resolution and presenting a wide range of gain choices
within the eight alternatives presented to each subject. The
range of boosts presented to each group was progressively
increased by 3 dB. Presenting tailored stimuli to each group
enabled increasing the number of choices likely to receive
high scores, increasing test resolution.

Subjects were presented with clips of four songs last-
ing up to 80 seconds in length, in looped form to provide
continuous output. The subject would rate all equalizations
of one song before proceeding to the next one. Each song
was presented twice for a total of eight trials. The order of
songs was randomized, and the order of equalizations was
randomized each time a new song was presented. Subjects
were asked to rate the curves based on their personal pref-
erence, giving their most preferred selection a very high
rating, and their least preferred selection a very low rating.
They were instructed that they should expect to hear dif-
ferences in the uppermost octave of music, impacting the
sound of cymbals and the upper edge of vocals. Subjects
were not informed that the selections included the Harman
curve or the hidden anchor.

The seal of the headphone to the ear was confirmed
before and after each listening session by playing a sine
sweep through the earphone and measuring the sound level
in the ear using the microphone in the headset. A drop in
level at low frequencies would indicate the presense of a
leak. If the leak could not be fixed by reinsertion in the ear,
then different size and/or different material ear tips (rubber
vs. foam) were substituted to enable a good seal.

3 TEST RESULTS

Fig. 13 shows the subjects’ preference ratings on the y-
axis and the amount of boost relative to the Harman curve
on the x-axis. Subject’s scores were rescaled before be-
ing combined with others in their group, and group scores
were rescaled before graphing. Subjects were instructed to
use the full range available. However, most of the subjects
were new to subjective testing and thus did not consistently
use the full range. Rescaling assured all subjects had equal
weight within a group average. Scaling of group scores as-
sures that greater agreement between subjects within one
group does not create the appearance of one group enter-
ing higher ratings than another. Different age groups were
presented with different ranges of treble boost. The dots in
each curve indicate the levels presented to each group.

Fig. 13. Preferred boost level. Normalized average of normalized
preferences.

Fig. 14. Preferred response curves for the four age groups.

All groups preferred a significantly higher amount of
treble than specified in the Harman curve. People with lit-
tle hearing loss wanted about 12 dB more level at 16 kHz.
Each group wanted progressively more treble boost to com-
pensate for increasing hearing loss, approximating 3 dB for
each 10 years of age over the age of 30. Within any group,
the treble boost could be adjusted ±3 dB (one step size
in the test material) with only a small drop in the group’s
average quality rating.

Fig. 14 shows the frequency response curves that each
group preferred. Although the preferred curves are much
higher above 10 kHz than the Harman curve, the levels are
not so high as to be impractical to obtain with reasonable
hardware. The preferred level at 16 kHz for the youngest
group is similar to the level at 1 kHz. The preferred 16-kHz
level for the oldest cohort is similar in level to that of the
3-kHz peak.

About 7% of subjects in each age group gave their
highest ratings to the anchor curve. As it appeared that these
subjects preferred not to hear any treble, it was not practical
to include their input to group averages that showed the
appropriate level of treble, so these responses were removed
from results shown after Fig. 13. These outliers will be
discussed further in SEC. 3.2.

Fig. 15 shows quartiles and the minimum and maximum
preferences within each age group, after removing those
that preferred the anchor. The mean climbs with hearing
loss in the first three groups but not in the last. This is due to
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Fig. 15. Distribution of preferred boost level, showing minimum,
maximum and quartiles. Anchor responses excluded.

Fig. 16. Scatter plot of all subjects’ preferred 16-kHz boost vs.
16-kHz hearing threshold shift.

a few subjects with high hearing loss reporting preferences
that deviated far below the group average.

3.1 Effect of Grouping
The scatter plot in Fig. 16 shows the effect of hearing

loss on preferences while avoiding the age-related grouping
used in the previous plots. Age is a small but still important
factor in preferences. Subjects who preferred no boost or
the anchor have been removed for this graph. Shading and
symbols indicate the age groups that subjects were assigned
to. A line fit to the data using a regression analysis has a
slope of 1-dB rise in the preferred boost for each 10 dB of
increase in high-frequency hearing threshold. Dashed lines
show upper and lower bounds adjusted to contain 95% of the
population. Adjustment is based on fraction of responses,
not on mean and standard deviation, because responses did
not fit a Gaussian distribution. These lines are ±8.5 dB
from the average. This is generally consistent with the rise
in preferred boost for the different age groups, showing the
use of age grouping was a valid test method.

Fig. 17 shows the variation in R2 value of the linear
regression when using hearing loss at different frequen-
cies to predict preferences. The regression quality improves
greatly after censoring the subjects who preferred no tre-
ble boost or the anchor, because their preferences were
independent of hearing loss. The R2 value indicates that

Fig. 17. Quality of regression fit for different hearing assessment
frequencies.

Fig. 18. Effect of sex on preferred response, with confidence
intervals.

about 25% of the variation in preferences is linked to high-
frequency hearing loss. The R2 value is similar for all hear-
ing threshold frequencies of 10 kHz or higher. This indicates
a single frequency above 10 kHz from a hearing test can be
effective to guide the selection of an appropriate headphone
frequency response.

3.2 Secondary Contributing Factors
An Analysis of Variance (ANOVA) analysis was used to

show correlation between self-reported background factors
and the subjects’ preferred boost and is summarized in
Table 2. The F value indicates the amount of variance, and
the p value indicates the probability that the variance was
due to chance. The censored data exclude outliers. The only
factors considered statistically significant (p < 0.05) were
hearing threshold, sex at birth, and preferred musical style.
The effect of hearing threshold is particularly strong for
censored data. The effect of musical style is only marginally
significant.

The difference in preference between men and women
is not easily explained by physical or cultural differences.
The female subjects generally preferred 3 dB less treble
than the men. Fig. 18 shows that the impact of sex is nearly
independent of hearing loss, so this effect is not related
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Table 2. ANOVA analysis summary, statistically significant values in bold.

Uncensored Censored

F value p value F value p value

12.5-kHz threshold 4.9 0.003 23.2 9.5e-12
Sex 9.9 0.002 9.1 0.003
Preferred music style 1.9 0.092 2.4 0.037
Cultural heritage 1.6 0.179 2.4 0.060
Preferred headphone type 0.3 0.790 2.5 0.068
Listening test experience 0.9 0.401 1.9 0.162
Hours/day usage 1.3 0.275 2.8 0.032
Music vs. telephone usage 0.7 0.532 0.1 0.970

Table 3. Number of subjects preferring boost vs. their sex.

No boost Boost

Male 7 94
Female 6 26

to age-related losses that tend to be greater in men. Cu-
bic interpolation of user responses was used to obtain finer
resolution in this graph. A curve was fit to each subjects’
preference ratings vs. boost using a cubic fit, and the peak
location of this curve was used to estimate boost that each
subject would most prefer. The small number of female
subjects in the high-hearing-loss groups weakens the sta-
tistical strength of the trends for the female group, causing
the large confidence interval for the 46–55 age group and
lack of data for the oldest age group.

Questionnaire data generally were not correlated to why
some subjects preferred low amounts of treble. The excep-
tion to this is sex. Women were three times more likely than
men to not want any treble boost relative to the Harman
curve (Table 3). This may be linked to women generally
preferring less treble overall, as was shown in Fig. 18.

4 ANALYSIS

The difference between the Harman curve and the curves
preferred in this testing is substantial. The following section
covers reasons why the differences may have occurred and
what the sources of variability were.

4.1 Similarity to HRTF Curves
The high-frequency preferences shown in Fig. 13 for

subjects with little hearing loss are likely to be attributable
to differences in the sound pressure at the eardrum for
an open ear and when using an insert headphone. Fig. 19
shows a comparison of the preferred response curve for
the youngest group of subjects to an average of frontal
incidence measurements of a KEMAR head and torso sim-
ulator. A close match would indicate that subjects preferred
headphones that provided a high-frequency response sim-
ilar to that experienced when listening to a stereo speaker
system having a flat high-frequency response.

The KEMAR ear drum pressure was measured by the
authors at an elevation of 0◦ for a range of azimuth an-

Fig. 19. Preferred curve (bold) is similar to KEMAR 0◦ to 40◦

incidence measurements (dashed).

gles from 0◦ to 40◦ for the ear nearest to the sound source,
mimicking the range of angles one would experience with
small head movements and assuming timbre assessment is
dominated by the ear nearest the speaker. The KEMAR
system was fitted with the same ear simulator as was used
for the headphone measurements to ensure matching high-
frequency sensitivity. The sound source was a 100-mm-
diameter speaker, placed 1 m from the KEMAR, and time-
windowing was used to approximate an anechoic measure-
ment.

With the exception of the bump at 3 kHz and the notch
at 10 kHz, the preferred curve is remarkably similar to
the KEMAR data. Listeners may prefer headphones that
mimic what they hear at high frequencies from loudspeak-
ers, though more research is needed to confirm this. The
differences near 3 kHz and 10 kHz in the two curves warrant
further study. Because it is possible to obtain a variety of
curves by adjusting the range of angles included in the av-
erage and other measurement details, this similarity should
be taken only as potential support for the measured data,
not as proof of an underlying principal.

4.2 Bias
Although many sources of bias were removed in this test-

ing, there were some that could not be avoided. Increasing
the level of the high-frequency information raises several
bias issues: context bias, loudness bias, and annoyance bias,
with context bias likely being the greatest risk.
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Context bias is related to the range of choices that were
provided. Subjects were likely to form a mental average
of the choices provided and make that their reference. Al-
though the choices included the original Harman curve and
a low-pass-filtered anchor curve, there were more curves
with boost than attenuation. In addition, the curves pre-
sented to the groups having higher hearing loss had more
boost than curves presented to the group without hear-
ing loss. This could have provided an upward bias for
the greater-hearing-loss groups. An analysis of the re-
sults showed that the average boost preferred by each age
group exceeded the average of the choices presented to
each group, even after excluding the reference and anchor
choices. Therefore, context bias was considered unlikely to
be a strong factor.

Loudness bias occurs because subjects often prefer
louder signals in listening tests. The effect was small in
this test, because only one of ten octaves of audio content
was affected by the equalization changes. The perceived
loudness of the most strongly equalized stimulus measured
only 2.5 dB higher than the Harman reference stimulus,
despite the 27 dB of high-frequency gain. Loudness was
determined by calculating the loudness of an equivalent
diffuse field signal in a room that would produce the same
signal at the ear as an earphone matching the Harman curve.

Annoyance bias potentially has the opposite effect. Sev-
eral subjects felt that 80 dB SPL was louder than what they
preferred for listening. Those subjects may have chosen
less boost simply to reduce the annoyance. The annoyance
indicated by these listeners was not great; this seemed to
also be a small risk.

Another potential source of error was the limited range
of equalization choices that were presented. Some subjects
may have preferred boost beyond what was available, bring-
ing group averages downward. This was most likely to im-
pact group of subjects with the greatest hearing loss.

The issues of context bias and limited range of choices
could be avoided in future research by using the method
of adjustment in place of the MUSHRA method [24]. In
a method of adjustment study, the starting point of each
trial is random, avoiding context bias. This method also
avoids range limitations, gain quantization, and the need
for grouping subjects.

4.3 Variability
The test results showed large variability. This can be

attributed to several sources, including lack of training in
subjective listening testing, differences in anatomy, and lack
of familiarity with the music.

A known source of variability is the lack of training.
Nearly all of the test subjects were new to listener pref-
erence testing, increasing their variability. Subjective tests
that rely on an internal reference rather than on compari-
son with a known good reference are quite difficult and are
more likely to have variation. Subjects self-reporting a low
experience level showed a larger within-subject standard
deviation between repeated trials (Fig. 20). The standard
deviation for inexperienced subjects varied from 0 to 10

Fig. 20. Variation generally decreased with self-reported experi-
ence. Black line shows the mean of the variability for each group.

dB, with an average value of about 3 dB. This accounts for
most of the variation seen in the testing.

Human anatomy is another known source of variability.
Variations in pinna and ear canal shapes alter the sound
arriving at the eardrum both with and without headphones.
Therefore, each subject may need a different headphone
response to properly replicate their open ear listening ex-
perience.

Familiarity was probably the smallest source of variabil-
ity. Some subjects may have been unfamiliar with the style
of music provided, or not have had much experience with
high-quality music playback systems. This would cause the
subjects to have a more poorly defined internal reference
for judging the headphones. The use of familiar instruments
within the music was used to guard against this but may not
have been sufficient.

5 DISCUSSION

Because of the limited nature of testing, the preferences
shown in this test have only been confirmed for a narrow
range of conditions: people living in the United States,
listening to popular music with insert headphones, sealed
tightly to the ear, at a listening level of 80 dB SPL, in quiet
surroundings, for durations less than an hour. However, the
results are expected to be applicable to a much broader
range of headphone usage.

A similar response curve is also likely to be preferred
for over-the-ear or on-the-ear headphones, provided the re-
sponse is measured at the eardrum position. That assures
that the same sound would be heard for all types of ear-
phones. This appears to match the experience of Olive. In
an article in which Olive summarized much of his head-
phone research [19], the same reference curve was used to
predict quality ratings of around-the-ear, on-ear, and-in-ear
headphones, implying that Olive found the same curve to
be useful for all three types of earphones, aside from some
differences in the level of bass.
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The effect of music genre is expected to be small. The key
features of the preferred response curve can be explained
by room acoustics, human anatomy, and human perception,
none of which are tied to the style of music. The effect of
nationality is also expected to be small, based on research
by Olive et al. [2,24].

On the other hand, presentation level is expected to al-
ter listener preferences, especially for those having ele-
vated (impaired) hearing thresholds. Changes in listening
level affect the perceived loudness of low and high frequen-
cies more strongly than middle frequencies due to hearing
thresholds, as is described in the equal loudness curves
in ISO 226 [12]. Users are expected to prefer a greater
amount of high-frequency boost than chosen in this exper-
iment when listening at low levels, especially if they have
elevated hearing thresholds. Conversely, a smaller amount
of high-frequency boost may be desired at elevated lis-
tening levels. A dynamically adjusted equalization could
accommodate a wide range of music levels.

6 CONCLUSION

A set of target curves for insert headphones has been
presented, based on subjects’ preferences in a double-blind
listening test. The target curves are an extension of previous
work by Olive et al., providing additional boost with a 16-
kHz peaking filter. The preferred curve for subjects with no
hearing loss has a relatively flat response above 10 kHz, at
a level similar to that in the mid band of the response. Sub-
jects with typical age-related hearing loss preferred greater
high-frequency energy, increasing roughly 3 dB at 16 kHz
for each 10 years over the age of 30. Because hearing loss
varies greatly within an age group, hearing thresholds mea-
sured above 10 kHz would be a more effective predictor
of preferences than their age. Even testing a single fre-
quency above 10 kHz provides useful information to select
a response curve. The preferred amount of high-frequency
energy varied over a range of ±8 dB among users with
similar hearing loss, so it would be helpful to provide user
control over the high frequency response of the headphone.

The large variation in user responses show that further
research is needed. A larger and more diverse pool of sub-
jects, perhaps with greater training, would help confirm the
validity of the suggested curves. A method of adjustment
test is suggested for further experiments, to avoid some
limitations found using the MUSHRA test.
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