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ABSTRACT

If the same sound pressure as when a listener were listening to the sound without headphones could be reproduced
at the eardrum, the listener would perceive three-dimensional sound even when the sound is presented through head-
phones. Headphone calibration is therefore required to compensate for individual variations in the transfer function of
a listener’s ear canal with and without headphones. From a practical point of view, a headphone calibration function
applicable to many listeners would be attractive. We measured headphone calibration functions for 245 listeners, and
from these data derived the mean calibration function. Its effects on the subjective impressions on spatial features of the
reproduced sound were tested through listening tests. Participants compared various virtual three-dimensional sound
signals generated by applying different calibration functions: mean calibration function and ones measured using differ-
ent ears such as artificial ear (B&K 4153), head and torso simulator (B&K 4128), and listener’s own ear. Sound stimuli
were presented in pairs, and rated by the participants in terms of diffuseness, externalization, and positional closeness
between the perceived sound image and the actual loudspeaker corresponding to it. Statistical analyses of the results

revealed that the mean headphone calibration function works well in terms of diffuseness and closeness.

INTRODUCTION

From an audiological point of view, it is reasonable to expect
that precise reproduction of eardrum vibration at both ears can
create an auditory sensation as if the listener were in the orig-
inal sound scene. The eardrum vibrations usually differ from
person to person even when they are listening to the same
sound source because differences in their morphological char-
acteristics cause different reflection and diffraction around the
head, ears, and even within the ear canals. Head-related trans-
fer functions (HRTFs), one definition of which is a transfer
function from a sound source at a particular location in a free
field to the eardrum of both ears of the listener, contain all
such information. Sound source signals filtered with HRTFs
would therefore be perceived as realistic spatial sound if they
are presented to both the ears of the listener properly. Using
a headphone is the easiest way to control sound pressure at
the left and right ears separately as well as independently. It
however often involves issues such as tonal changes and sound
localization inside the head. It should be emphasized that sig-
nals obtained by the methods such as convolving HRTFs with
a source signal or binaural recording must be reproduced not
at the headphone drivers but at the eardrum. Consequently, a
calibration for headphone listening for each individual listener
is required.

There have been several research papers on headphone calibra-
tion. Mgller analyzed this issue by use of equivalent circuits [1].
Hammershgi and Mgller further investigated it and described
that the sound transmission to the eardrum from the entrance
of the ear canal can be considered independent of direction
of sound incidence [2]. This inversely implies that the sound
transmission to the eardrum from the entrance of the ear canal
depends only on the ear canal and the eardrum regardless of the
environmental condition outside the entrance of the ear canal.
Wightman and Kistler measured HRTFs and the calibration
functions using a probe microphone located very close to the
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eardrum [3]. However, it is difficult to maintain high accuracy
and reliability with such measurements. Pralong and Carlile
suggested that individual calibration of headphone listening is
as important for sound localization performance as the individ-
ualization of HRTFs [4]. Referring to [1], Ozawa developed
an effective method for how binaural signals recorded with a
dummy head should be adjusted to individual listeners [5], but
in his method the listener must go to the recording environ-
ment at least once for perfect calibration. In all of these former
investigations, ear canals were assumed open when recording.

Other than measuring HRTFs, computer simulations are promis-
ing because the task of measuring HRTFs is time consuming
and imposes a considerable burden on listeners, and may in-
troduce errors caused by listener’s movements. Morphologi-
cal information of the listener is necessary to simulate HRTFs
by means of numerical analysis such as the boundary element
method (BEM) [6] or the finite difference time domain (FDTD)
method [7]. It is however difficult to measure the shapes of the
ear canal and eardrum with an optical scanner and magnetic
resonance imaging (MRI) because the laser beam cannot reach
the inside of ear canal which is not a straight tube and because
the soft-tissue wall of ear canal is too thin to be imaged. Conse-
quently, simulations are typically carried out assuming the ear
canals blocked. As a result, HRTFs obtained under such con-
ditions do not exactly match those observed at the eardrums
assuming open ear canals.

It is apparent from these research papers that a calibration func-
tion plays an important role for reproducing the desired audi-
tory sensation. With the aid of electrical equivalent circuit mod-
els, this paper begins with theoretical backgrounds on the ne-
cessity of headphone calibration to reproduce sound pressures
at the eardrum. Variations in headphone calibration functions
among different human ears are then discussed. After that, ex-
perimental setups for the listening tests, which aimed to reveal
effects of calibration functions on the perception of reproduced
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sound space, and the results are presented.

HEADPHONE CALIBRATION
Equivalent circuit

Mgller investigated relationships of sound pressure at the en-
trance to the ear canal and at the eardrum by means of equiva-
lent circuits depicted in Fig. 1 [1]. Figure 1(a) corresponds to

(a) Free-air listening condition

(b) Headphone listening condition

Figure 1: Equivalent circuits considered in [1]

a free-air listening condition, where the listener is listening to
the sound without headphones. Figure 1(b), on the other hand,
corresponds to a headphone listening condition, where the lis-
tener is listening to the sound with headphones. The meanings
of the impedance variables that appear in Fig. 1 are as follows:

Z, : Equivalent impedance outside of the ear canal
without headphones (radiation impedance),

Z,, : Equivalent impedance outside of the ear canal with
headphones,

Z. : Equivalent impedance inside of the ear canal (ear-
canal impedance),

Z,; : Impedance of the eardrum.

All variables are functions of frequency and therefore depen-
dent on angular frequency . The notation of (®) is however
omitted hereafter for brevity, as long as no special attention
is necessary on the argument. Conforming to the former liter-
ature [1], variables relevant to sound pressure are defined as
follows:

Py : Sound pressure at the center of the head while the
listener is not present (defined in [1] but not used
in this paper),

P, : Sound pressure at the entrance to the blocked ear
canal without headphones,

P; : Sound pressure at the entrance to the open ear
canal without headphones,

P4 : Sound pressure in front of the eardrum without
headphones,

Ps : Sound pressure at the entrance to the blocked ear
canal with headphones,

Pg : Sound pressure at the entrance to the open ear
canal with headphones,

P; : Sound pressure in front of the eardrum with head-
phones.

The constant voltage source corresponds to the sound pressure
observed at the entrance to the blocked ear canal. The sound
pressure observed at the entrance to the open ear canal can be
obtained by dividing the voltage of the constant voltage source
according to the impedance outside and inside of the ear canal
as

Z

Py = Py, 1

s= vz b (D
Z.

Ps= - Ps. 2

6 Z, 1 Z 5 2
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The ratio of the sound pressure at the entrance to the open ear
canal with and without headphones is then obtained by divid-
ing Eq. (1) by Eq. (2) as

247 B
P6 Zo+Z; PS.

3

Because the acoustical characteristics of the listener’s ear canal
and eardrum can be considered consistent under both the head-
phone and the free-air listening conditions, if the sound pres-
sure at the entrance to the ear canal is the same under both the
conditions, the equality is expected to hold also at the eardrum.
In other words, if Pg equals to P3, P; can be expected com-
pletely equal to Py, resulting in the headphone calibration for
perfect reproduction of sound pressure at the eardrums. It is
therefore easy to calibrate headphones if P; and Pg can be ob-
tained directly.

Equation (3) suggests that if (Z, +Z.)/(Z, + Z.) ~ 1, sound
pressure in front of the eardrum under the free-air listening con-
dition P4 can be reproduced by making the sound pressure at
the entrance to the blocked ear canal under the headphone lis-
tening condition Ps equal to that under the open listening con-
dition P, because P, becomes identical to P; as P3/Ps ~ P, / Ps
is satisfied in this case. The coefficient (Z, +Z.)/(Z, +Z.) in
Eq. (3) is called the pressure division ratio (PDR), and head-
phones that realize PDR ~ 1 have so-called free-air equivalent
coupling (FEC) characteristics [8]. The use of headphones hav-
ing FEC characteristics, i.e., PDR ~ 1, is attractive especially
when the HRTFs are calculated by computer simulations be-
cause only P, instead of P; is generally obtained in computer
simulations.

In this study, P3 is assumed obtainable. Hence, a transfer func-
tion from a driving signal of the headphones to the sound pres-
sure Py is required to reproduce the sound pressure at the eardrum.
This transfer function is therefore regarded as a calibration
function.

Calibration functions

Table 1 briefly lists the five calibration functions considered in
this study. Procedures to obtain each calibration function are
as follows:

‘Phone’ The inverse of the headphone characteristics measured
using an artificial ear (B&K 4153) was regarded as a
calibration function excluding potential effects by the
pinna. To avoid effects brought about by using a mi-
crophone different from one used in the measurements
of other calibration functions, sound pressure was mea-
sured with a microphone (Knowles FG-23629) placed
in close proximity of the microphone installed in the
artificial ear. An optimized Aoshima’s time-stretched
pulse of 32768 points was presented 11 times consec-
utively, at a sampling rate of 48 kHz, and observations
of the latter 10 trials were adopted for the calculation
of the transfer function using the discrete Fourier trans-
form (DFT). The obtained transfer function, which was
represented in the frequency domain, was inverted in
complex amplitude to yield a calibration function.

‘Own’ A microphone (Knowles FG-23629) was placed in the
listener’s open ear canal, with its face aligned with the
entrance of the ear canal. A listener wore circum-aural
closed-type headphones (Senheiser HDA-200) over it.
The rest of the measurement procedure was the same as
that for obtaining the calibration function of ‘Phone.’

‘HATS’ A head and torso simulator (B&K 4128) was used
instead of a human listener. The rest of the measurement
procedure was the same as others.
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Table 1: Five calibration functions compared in this study

Acronym Compensation for

Method to obtain

None Nothing -
Phone Characteristics of the headphone Measurement using an artificial ear
(B&K 4153)
HATS Characteristics of the headphone coupled with a  Measurement using a head and torso
typical external ear simulator (B&K 4128)
Own Characteristics of the headphone coupled with the ~ Measurement for each listener

listener’s own ear
Mean Averaged transfer function

Calculation from the data for 245 lis-
teners

‘Mean’ Calibration functions were measured for 245 individ-
uals (177 male and 68 female), who visited the open
laboratory last year and experienced an audio demon-
stration. The measurements were carried out in a small
meeting room where people were chatting in the oppo-
site side of the room. In order to obtain the mean calibra-
tion function, the amplitude spectrum of the obtained
calibration functions were first converted into logarith-
mic amplitude scale and then averaged over all the in-
dividuals, separately for the left and right ears. After
that, its minimum phase was derived from the amplitude
spectrum. The obtained minimum phase and the ampli-
tude spectrum were combined to compose a complex
frequency spectrum.

The inverse Fourier transform of the spectrum was re-
garded as the calibration function. Therefore, the cali-
bration function g(¢) was obtained as

8(r) = IDFT[|G(w)|exp(—jarg[G(@)])], ~ (4)

where the amplitude spectrum |G(®)| was calculated by

|G(w)| = 107 1@l — 1 /10l (@)l )
- 1 N
|H(w)| = N Y logjg [Ha(w)], (6)
n=1
N =245

The amplitude spectra of the four calibration functions are de-
picted in Fig. 2, where the ‘Own’ calibration function is a mere

—_ Ll—ch

Relative level

10
Frequency [kHz]

Figure 2: Amplitude spectra of the calibration functions, dis-
played with equal vertical spacing at 1 kHz

instance because it exists for each of the 245 participants. A dip
appears at approximately 2 kHz in all the calibration functions,
and could be considered as a characteristic of the headphones
used in the tests. Ear canal resonance could be another possible
cause of the dip. Two dips appear at approximately 6 kHz and
10 kHz in all the calibration functions except ‘Phone’ so that
they could be regarded as effects originating from the pinna. In
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the calibration functions of ‘Own’ and ‘HATS’, multiple dips
and peaks appear above 10 kHz, while the calibration function
of ‘Mean’ shows a flat response in this frequency region. This
difference implies that these dips and peaks could originate
from the reflection and diffraction at small convex and con-
cave parts of the listeners’ pinnae. Accordingly, these peaks
and dips can be regarded as individual differences. Neverthe-
less, there is another possibility that wearing headphones in
different ways might cause the difference. The actual reason
has not been determined yet.

Individual differences

For further investigation on individual differences in the cali-
bration functions, they were analyzed with an auto-regressive
model. The order of the model was determined experimentally
to obtain a convergent pole distribution, and the eighth order
was adopted. Figure 3 is a polar plot of the pole distribution

-1 -0.5 0 0.5 1

Figure 3: Pole distribution of eighth-order auto-regressive mod-
els of the calibration functions measured for 245 participants

of the 245 transfer functions from the headphone driving func-
tion to the sound pressure at the entrance to the open ear canal.
Because the sampling frequency was set to 48 kHz, the right-
most and left-most positions of the circle correspond to 0 Hz
and 24 kHz, respectively.

Commonly to all the listeners, a pole appears in proximity to
2 kHz but its depth varies considerably. This pole therefore
could be considered corresponding to the dip which has been
seen at approximately 2 kHz in all the calibration functions in
Fig. 2, and could be caused by ear canal resonance or the head-
phone characteristic. Two poles at approximately 6 kHz and
10 kHz are broad in frequency and shallow in depth, or apart
from the unit circle. Yet these poles are certainly observed also
in the ‘Mean’ calibration function as depicted in Fig. 2, where
the poles appear as dips because of the inverse relationship.
Fourth poles have a similar distribution to the second and the
third in Fig. 3 but disappear in the ‘Mean’ calibration function
probably due to a distribution broader in frequency and shal-
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Validation of calibration

A measurement was conducted to validate that a calibration
function calibrates the sound pressure correctly at the eardrum
so as to be the same as when a listener were listening to the
sound without headphones. In the measurement, the sound pres-
sure captured at the microphone installed in the ear of a head
and torso simulator (B&K 4128) was regarded as the sound
pressure at the eardrum. Figure 4 shows the results where the
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(a) Power spectrum at the eardrum
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(b) Phase spectrum difference at the ear drum

Figure 4: Sound pressures at the eardrum calibrated with (solid
line) and without (dashed line) the calibration function. The
sound source was located in the listener’s facing direction.

solid and dashed lines correspond to those measured with and
without the calibration function, respectively. Because the cal-
ibration function was measured with the same combination of
the headphones and the head and torso simulator as in the re-
production, it is regarded as the ‘Own’ calibration function.
The upper and lower panels are the power and phase spec-
trum, respectively. In the upper panel, P, is the sound pres-
sure measured in front of the eardrum without headphones, and
therefore is regarded as the desired characteristics. Because the
lower panel is represented in the phase differences from the de-
sired characteristics, phase difference of zero is desirable.

Considering the wave length of the sound, equivalent circuits
are valid only for the frequency region lower than 10 kHz. Nev-
ertheless, good reproduction of sound pressure was realized up
to approximately 14 kHz in both the power and phase spec-
trum. Moreover, it is apparent from this figure that with an ap-
propriate calibration function, reproduction of sound pressure
at the eardrum can be achieved over the frequency range from
approximately 100 Hz to 14 kHz. With the calibration func-
tion, log spectral distortion of the reproduced sound pressure
in this frequency region was 0.9 dB on average over the six
sound source directions tested while it was 1.5 dB, without the
calibration function.

LISTENING TEST

In this section, effects of various calibration functions on the
perception of sound space are investigated through listening
tests.

Procedure

The listening tests consisted of two stages. In the first stage, a
participant, with a miniature microphone placed at the entrance
of each ear canal, sat on a chair surrounded by six loudspeak-
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ers (Eclipse TD508II) with different height in a listening room,
as depicted in Fig. 5. The gain of each loudspeaker was cali-

T Listening room
145cm, Odeg N 210cm, 33deg
\ L#
2K
175cm, 133deg : g 183¢jm, 30deg

\ #4 #1 /
(/- 6adeg | {67deg”
30deg :,:‘* P
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l

Figure 5: Loudspeaker arrangement (including distance and el-
evation of each speaker from the listener’s head)

fb— 402 cm —

brated so as to make the sound pressure of each loudspeaker
identical at the center of the listener’s head. The sound stim-
ulus consisted of three consecutive sound clips: the first two
were a sound of hitting a stainless steel bowl recorded in an
anechoic room, and the last one was a cat’s voice excerpted
from a sound effect CD, resulting in a sequential sound like
“gong-gong-meow.” The sound stimulus was presented once
from each loudspeaker and one by one in an anti-clockwise or-
der. Accordingly, each participant listened to the same sound
stimulus six times but from different loudspeakers. The initial
loudspeaker was randomized for each participant. While the
listener was listening to a sequence of sound stimuli, sound
pressure was measured with the miniature microphones placed
at the entrance of the ear canal, and regarded as Ps.

In the second stage, the participant was in the same condi-
tion as in the first stage but wore headphones. Prior to the lis-
tening tests, the participant’s ‘Own’ calibration function was
measured. In addition to that, sound stimuli for the tests were
generated by applying various headphone calibration functions
explained in a former section to the measured signal of Ps.
The amplitude of sound stimuli for each calibration function
was adjusted so as to have an identical mean squared value.
Then through the headphones, the participant listened to two
sequences of sound stimuli, each of which was generated using
different headphone calibration functions. One of the paired
sound stimuli was presented first and then followed by the
other. The time pattern of the presentation is illustrated in Fig. 6.
After listening to both sound stimuli, the listener judged them

Calibration function A Calibration function B

(Next trial)

#1

#2

#3 A

#5

<— Unti-clockwise

#6

Loudspeaker ID

|
i
|
1
#4 R 3-
|
i
|
|

|
|
|
|
f
|
}
Response

Figure 6: An example of the time patterns of sound stimulus

presentation

in terms of ‘diffuseness’, ‘externalization’, and ‘localization.’
Judgments may vary among the loudspeakers from which sound
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stimulus radiates so that the participants were asked to make a
judgment based on their overall impression. Every participant
judged all combinations of calibration functions as well as pre-
sentation orders.

Participants judged their impressions to the paired sound stim-
uli and answered using the response form shown in Fig. 7.
‘Diffuseness’ was judged on the basis of an alternative forced

Q1: Which of the first (A) and the second (B) stimuli are more diffuse?

O A is more diffuse than B O B is more diffuse than A

Q2: Which of the first (A) and the second (B) stimuli are close to the loudspeakers?

A is closer Equally close Bis closeri
Horizontal direcon O O O O O |0 O O O O O ‘
Vertical directon O O O O O |00 O O O O
Depth direction O 00O OO0 00 OO0

Q3: Which of the first (A) and the second (B) stimuli are heard in your head?

OOnly A OOnlyB OBothAandB O Neither AnorB |

Figure 7: Response form

choice between the paired sound stimuli. ‘Localization’ was
tested based on the Scheffe’s paired comparison modified by
Ura [9]. ‘Externalization’ was judged for each of the paired
sound stimuli. Nine male and eight female paid participants
aged from 20 to 35 took part in the listening tests. They were
allowed to replay each pair of sound stimuli as many times as
they liked before making their judgments.

Diffuseness

Table 2 shows the results regarding ‘diffuseness,” which is pre-
sented in terms of just noticeable difference (JND); a value
greater than one indicates that a sound stimulus generated with
the calibration function specified in the left column was per-
ceived with noticeably smaller diffuseness than that by the cal-
ibration function specified in the top row. Those having values
greater than one are highlighted with underlines.

Table 2: d’ in terms of ‘diffuseness’

None Phone HATS Mean
Phone 0.74
HATS 1.88 0.74
Mean 2.15 1.07 0.33
Own 1.65 0.68 —0.05 -0.22

These results suggest that in general the mean calibration func-
tion has an ability to make the sound image clearer or more
solid, and that the listener’s own calibration function and that
measured with a head and torso simulator created clearer sound
images than when no calibration function was applied. Even
including combinations that showed no significant differences,
the mean calibration function always yielded the least diffuse-
ness in the reproduced sound images tested.

Externalization

Figure 8 shows results with respect to ‘externalization,” where
externalization ratios for the tested calibration functions are
represented by a box and whisker plot. The boxes have lines
at the lower quartile, median, and upper quartile values. The
whiskers show the rest of the data, and the asterisks denote
outliers.

While the mean values of externalization rate for ‘None’ and
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Figure 8: Box-whisker plot of the rate of externalization for
each calibration function

‘Phone’ fall within a range from 70% to 80%;, those for ‘HATS’,
‘Mean’, and ‘Own’ fall roughly within a range from 40% to
60%. Accordingly, no calibration and the calibration function
for headphone characteristics showed higher externalization ra-
tios than other calibration functions. However, there were con-
siderable individual differences and no significant difference
was observed. Nevertheless, ‘Mean’ showed the highest mean
value among those three (‘HATS’, ‘Mean’, ‘Own’) calibration
functions that showed worse performance.

Localization

Because every participant judged all the pairs, obtained responses
were analyzed by means of Scheffe’s paired comparison mod-
ified by Ura. Table 3 shows the results with respect to three
different directions perpendicular to each other: vertical direc-
tion (top table), horizontal direction (middle table), and depth
direction (bottom table). Asterisks denote pairs for which a
sound image reproduced with the calibration function specified
in the left column was perceived significantly closer to the ac-
tual loudspeaker corresponding to it than that reproduced with
the calibration function specified in the top row.

Table 3: Proximity of the perceived sound location to the actual
loudspeaker
(a) Vertical direction
None Phone HATS Mean Own

None -

Phone -

HATS - *

Mean - ok

Own -

(b) Horizontal direction

None Phone HATS Mean Own
None -
Phone -
HATS -
Mean _
Own _

(c) Depth direction

None Phone HATS Mean Own
None -
Phone -
HATS ksk ksk -
Mean skeok sksk _
Own -

#p< 01 *p<.05
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With respect to the vertical direction, the calibration functions

of ‘HATS’ and ‘Mean’ significantly outperformed that of ‘Own.’
With respect to the horizontal direction, on the other hand,

no significant difference was seen for any pair of conditions.

Meanwhile, the calibration functions of ‘HATS’ and ‘Mean’

showed better performance compared with those of ‘None’ and

‘Phone’ with respect to the depth direction.

DISCUSSION AND INFORMAL TEST

In the localization test, no significant difference was observed
for the horizontal direction. While the perceived position of a
sound in the horizontal direction can be determined primarily
based on the interaural level and time differences, estimation
of vertical and depth directions of the sound strongly relies
on differences in the spectral shapes of the perceived sound.
This would be a reason why effects of the calibration functions
were observed only in the vertical and depth directions because
the applied calibration functions modify neither level nor time
differences between the two ears.

An additional informal listening test was conducted with five
listeners who were engaged in the research on realistic com-
munications and had experienced listening tests on spatial au-
dio several times. The test results showed tendencies clearly
different from those obtained with naive listeners. In the dif-
fuseness test, the ‘Own’ calibration function performed signif-
icantly better (less diffuse) than all the others. The ‘Mean’ cal-
ibration function also performed significantly better than all
the others except the ‘Own’ calibration function. In the exter-
nalization test, regardless of the calibration function applied,
high externalization rates were obtained and due to that, no
significant difference was observed. In the localization test,
both of the ‘Mean’ and the ‘Own’ calibration functions per-
formed well compared with other calibration functions. These
differences between the trained and naive listeners might arise
from the fact that apart from these tests, the naive listeners had
probably listened to sound stimuli captured with any technique
other than ordinary stereophonic or monophonic recordings.
Because source signals had been captured at the entrance of
the listeners’ own ears, even when no calibration function was
applied, the sound was heard with sufficient spatial informa-
tion compared with what out naive participants usually listen
to with headphones. As a result, the naive listeners might have
perceived less differences among the tested sound signals, and
responded with considerable variations.

CONCLUSION

Effects of headphone calibration functions on the reproduc-
tion of sound space were investigated both objectively and sub-
jectively. In addition, to prevent the inconvenience of measur-
ing headphone calibration functions for each individual, the
mean headphone calibration function was derived and evalu-
ated through listening tests. The test results showed that the
mean calibration function performed well in terms of diffuse-
ness and localization to some extent, compared with the other
tested calibration functions. Meanwhile, some problems in con-
ducting subjective listening tests on spatial audio with naive
listeners were discovered. For more reliable conclusions, addi-
tional listening tests would be required in which instructions
to participants as well as a set of test signals should be recon-
sidered in order to obtain responses as reliable as the trained
listeners’.
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