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ABSTRACT

Headphone signal processing systems that are commercially available today are not optimized for the indi-

vidual listener. This results in large localization errors for most listeners. In the present work, a system

is introduced that requires a one time calibration procedure, which can be carried out conveniently by the

listener. This system consists of conventional headphones into which small microphones have been mounted.

An active noise cancellation method is used to achieve a sound reproduction via headphones, which is as

close as possible to a reference loudspeaker setup. The active noise cancellation system is based on adaptive

�lters that are implemented in the frequency domain.
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INTRODUCTION

Headphone virtualizers are systems that aim at giving

the user the illusion that the sound is coming from loud-

speakers rather then from the headphones themselves

[1, 2, 3, 4]. Systems that are commercially available to-

day are not optimized for the individual listener. This

results in large localization errors for most listeners [5].

The system at hand is personalized in that it requires

a calibration procedure, which can be carried out con-

veniently by the listener. This system consists of con-

ventional headphones into which miniature microphones

have been mounted. The sound reproduction using head-

phones gives the same listening experience to the user as

the reference (multichannel) loudspeaker system. This

is achieved by taking all contributions into account: the

room impulse responses, the loudspeaker characteristics,

the headphone characteristics and the properties of the

listener's head and torso. Besides the usual computa-

tional requirement for a headphone virtualizer, this sys-

tem needs in addition two low-cost microphones and two

analog to digital converters to convert the microphone

signals.

Technology background

The way in which sound propagates from the loudspeaker

towards the ear-drums of the listener depends on the

loudspeaker, the room and the physical properties of the

listener (e.g. the shape of the head, ears, torso). If

loudspeaker reproduction is emulated using headphones,

these sound charateristics have to be taken into account

and compensation for the sound reproduction character-

istics of the headphones is required.

The physical properties of the head and outer ears of

the listener modify the sound as it travels from the

source to the ear-drums. The transfer functions describ-

ing this sound propagation from multiple sound sources

to both ears are known as Head-Related Transfer Func-

tions (HRTFs). Multichannel audio can be �ltered with

the HRTFs of the listener and the inverses of the head-

phone to ear transfer functions prior to headphone sound

reproduction. In this way the multichannel loudspeaker

system can be emulated very accurately [6]. Note that

only one loudspeaker driver is required at each side of

the head in order to make multichannel virtual sound

as a person has only one ear per side. Sounds add in a

linear way in the air so that headphone signals of the vir-

tual left loudspeaker can be added to those of the virtual

right loudspeaker to obtain virtual stereo for example.

When audio is �ltered with HRTFs that are measured

from another person, there are large errors in the verti-

cal and front/back localization [7]. Therefore the sound

reproduction system should be personalized.

Con�guration

Fig. 1 shows a 5 channel loudspeaker setup. A per-

son who is wearing headphones resides inside the sweet

spot, i.e. the region in which the sound reproduction of

the loudspeaker setup is optimal. The headphones are

xLs xRs

xL

xC

xR

Fig. 1: A 5 channel sound reproduction setup with

headphones with integrated microphones.

equipped with integrated microphones [8] and are con-

nected to a digital signal processing unit (DSP). Dur-

ing the calibration, the DSP is connected to the multi-

channel loudspeaker setup. A noise signal is played

through each of the loudspeakers consecutively and is

picked up by the microphones. The DSP then computes

how the sounds should be processed prior to headphone

reproduction, such that exactly the same sound is gener-

ated at the position of the microphones, which are very

close to the ears. The algorithm that is used is described

in the next section. When the calibration is completed,

the listener can manually choose between loudspeaker or

headphone sound reproduction, showing the capabilities

of the system. Note that the calibration can be carried

out using only one loudspeaker. The subject needs to

change his/her orientation after each measurement such

that this loudspeaker corresponds to the left front, right

front, left rear, right rear and center loudspeaker posi-

tion.

ACTIVE NOISE CANCELLATION

The algorithm that is used during the calibration is

essentially an active noise cancellation algorithm. An

introduction to active noise cancellation is given next, a

noise cancellation primer can be found in [9]. Its appli-

cation to headphone listening will be explained below.

In sound reproduction systems, sound signals can be �l-

tered prior to reproduction by loudspeakers to ideally

obtain perfect sound reproduction at a �nite number of
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positions in space. The �lters can be found by �rst plac-

ing microphones at the relevant positions and using the

di�erence between the ideal sound and the reproduced

sounds at these positions as errors signals for an adap-

tive algorithm. In classic adaptive-�lter theory these er-

ror signals are obtained by comparing the desired signals

with the adaptive �lter outputs. In active noise cancel-

lation the error signals are obtained by comparing the

desired signals with adaptive �lter outputs that are �l-

tered by acoustic transfer functions. The classical adap-

tive �lter is depicted in Fig. 2 (top) where it is used

to equalize the acoustic transfer function from the loud-

speaker to the microphone H(z). Here, the update uses

the input signal of the adaptive �lter W (z) and the dif-

ference between the reference signal d[n] which resembles

x[n] and the adaptive-�lter output. The reference signal

d[n] can be a delayed version of x[n] for example, so that

W (z) can converge to a stable solution with W (z)H(z)

equal to this delay.

Instead of equalizing a signal x[n] that is �ltered by an

acoustic transfer function H(z), sound reproduction sys-

tems need to �lter this signal prior to playback as de-

picted in Fig. 2 (bottom). Both systems are equivalent if

the adaptive �lter W (z) is constant. In practical appli-

cations it suÆces to demand that the adaptive �lter is

slowly varying. The latter system is termed the �ltered-

H(z)

H(z)

~H(z)

d[n]

W (z)

d[n]

W (z)

e[n]

x[n]

x[n]

e[n]

+

+

update

update

-

-

Fig. 2: Conventional adaptive �lter (top) and

�ltered-x equivalence (bottom).

x algorithm in [10] which indicates that a �ltered ver-

sion of the signal x[n] is used in the update. This �lter
~H(z), which corresponds to the acoustic transfer func-

tion H(z), is not exactly known in practical situations.

An estimate of it can be used however, and the �ltered-

x algorithm is known to be robust to estimation errors

herein. In [11] it was found that supperior perfomance is

obtained by replacing ~H(z) by an all-pass �lter with the

same phase. Application areas include noise cancellation

in ducts and phantom sound source generation [9].

Phantom sound source generation using noise

cancellation

In Fig. 3 the �ltered-x algorithm is applied in an HRTF

measurement system. The system is shown for only one

side of the headphones. The processing for the other side

is identical and works independently. A noise signal is

fed to the loudspeaker. This noise signal is also �ltered

before it is fed to the headphones. The �ltering is done

in such a way that the microphone signal is minimized.

In this way the adaptive �lter hL;L will become approxi-

mately equal to the transfer function of the loudspeaker

to the microphone gL;L times the inverse of the transfer

function of the headphone to the microphone gxL

hL;L = �gL;L(gxL)
�1
: (1)

A noise suppression of about 20 dB can be achieved at

the position of the microphone. This means that the

sound of the headphones is almost identical to that of

the loudspeaker. When the loudspeaker is switched o�

the listener will have the illusion to listen to the loud-

speaker1.

xL

xL

gL;L

gxL
ĝxL

hL;L

update

Fig. 3: HRTF measurement using noise cancellation.

INFLUENCE OF THE HEADPHONES

Many prototypes of headphones with integrated micro-

phones have been realized based on both in-ear head-

1Note that theoretically the headphones signals should be

reversed in sign �rst. However, perceptually this has only a

small impact.
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phones and full-size headphones. Extensive tests have

shown that both the in-ear headphone prototypes as

well as the full-size headphone prototypes are suitable

to create a convincing 3-D sound image. The tests also

show that the positioning of the in-ear headphones was

critical; once a calibration was done removing and re-

mounting the headphones was suÆcient to destroy the

3-D sound image. The full-size headphones are much

more robust to repositioning.

The headphones with integrated microphones that is ex-

amined further in this paper is based on the Philips

SBCHP890. The headphone prototype is shown in Fig.

4. The microphones are electrets which are 6 mm in

diameter. The microphones are glued onto the grill of

the headphones. A tube is mounted onto them so that

the microphones can measure more closely to the ears.

Some foam is entered into the tubes' ends in order to

damp tube resonances2. The headphone prototype is

shown in Fig. 4.

Fig. 4: Headphones with integrated microphones.

The silicon tube runs from the microphone to the

ear-canal entrance.

A drawback of most ordinairy full-size headphones is

that they obstruct the sound path from the loudspeaker

2The �ltered-x algorithm equalizes the transfer function

from the headphones to the microphones including all tube

resonances. Strong tube resonances require a large dynamic

range in the system however. Also, if the headphones are

repositioned the �ltered-x algorithm can become instable

more easily for strong tube resonances.

to the ears. There are two main reasons for this. One is

that the sound reects from the headphone surface which

can be localized by the listener as a secondary sound

source. This could be remedied by using a di�erent

(smaller) headphone design and by changing the acous-

tic absorption characteristics of its surface. An absorbing

coating could have a positive e�ect for the high frequen-

cies. The second reason is that the headphones are not

acoustically transparent. The foam in the cushions will

absorb sounds in a frequency dependent manner. In the

headphone prototype an of-the-shelf SBCHP890 is used

and the ear-cushions are replaced with specially prepared

cushions that have foam and cloth which are acoustically

as transparent as possible.

It is not possible to fully reect the inuence of wearing

headphones on the perceived sound localization of sound

around a listener in a measured curve. Psycho-acoustic

experiments would be required to assess this accurately.

It is possible however to show the sound coloration that

is introduced by the headphones which is likely to be

the most signi�cant e�ect. Fig. 5 shows the spectrum of

the sound at the position of the `ear-drums'3 of an arti�-

cial head4 without headphones, with the original HP890

and with the HP890 with modi�ed cushions. The �rst

plot of Fig. 5 shows that the original HP890 attenu-

ates the sound by roughly 20 dB above 1 kHz. The

second plot shows that the headphone prototype attenu-

ates sounds above 3 kHz with no more than 10 dB. The

third plot shows the reproduceability by remeasuring the

headphone curve after reinstalling the headphones. Once

the calibration is done the tubes are no longer needed.

They may be removed by the user. It can be seen from

the fourth plot that this has no e�ect on the sound col-

oration; the curves with and without tubes are as closely

related to each other as the curves in the reproduceability

experiment of the third plot. This means that although

they are required for the measurement, the tubes do not

change the way the sound propagates towards the ear-

drums and hence they may be removed after the calibra-

tion phase.

Similar measurements have been done for two in-ear

headphones, neckband headphones and full-size head-

phones which have been speci�cally designed to be acous-

tically transparent. The measurements are shown in Fig.

7. These headphones are shown in Fig. 6. It can be con-

cluded that in-ear headphones change the sounds much

less. The HP890 headphone prototype is quite good how-

ever, even when compared to the very open Sony full-size

headphones.

3The `ear-drums' are the measurement microphones inside

the dummy head.
4The B&K 4128 dummy head was used
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Fig. 6: Headphone prototypes based on Philips in-ear headphones (top-left), Sony full-size headphones (top-

right), Sony in-ear headphones (lower-left), close-up of Sony in-ear headphones (lower-right).

INFLUENCE OF THE POSITIONING OF THE

ERROR MICROPHONE

The inuence of the positioning of the error microphone

is assessed next. The sound propagation in the ear canal

is assumed to be one dimensional5. White noise is used

during the calibration to identify the acoustic transfer

functions. Noise cancellation is achieved at the position

of the microphone. The noise cancellation is quite accu-

rate in the close proximity of the microphone (roughly

within one tenth of a wavelength). Further away from

the microphone, the anti-noise can even add construc-

tively to the noise. It is assumed that unreliable results

are obtained when the distance between the microphone

and the entrance of the ear canal are in the order of the

wavelength or more.

5If the wavelength is in the order of the diameter of the

ear canal or less, the sound propagation in the ear canal is no

longer one dimensional. This will happen at approximately

17 kHz so that half a wavelength is 1 cm which is roughly

equal to the diameter of the ear canal.

Zone-of-quiet

The active noise control con�guration that is used here

is quite a special one. The noise source (i.e. the loud-

speaker) is relatively far away from the listener (e.g.

2 m). The secondary sound source (i.e. the headphone)

that should cancel the noise is relatively near by the ear

canal entrance (e.g. 3 cm) and the error microphone that

is used is somewhere in between the ear canal entrance

and the secondary sound source. The zone-of-quiet is de-

�ned as the area around the error microphone where the

noise suppression is still quite accurate. It is interesting

to see what the size and shape of the zone-of-quiet is for

this particular con�guration.

Fig. 8 on page 10 shows a computer simulation of noise

cancellation for this con�guration. The ear canal en-

trance is at the origin. The noise source is 2 meters

away from the origin. When the headphone is silent, the

noise level is about 35 dB at the position of the origin.

The distance of the headphone to the ear canal is �xed

for a given pair of headphones (27 mm in this case). It is

assumed for simplicity in this simulation that the sources
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Fig. 5: The four graphs show how the sound is af-

fected when: Top graph: an original SBCHP890 is

put on (1), the HP890 headphone prototype is put

on (2), the HP890 headphone prototype is put on

two times (3), Bottom graph: the HP890 headphone

prototype is put on with the tubes installed or re-

moved (4).

are point sources. If the headphone driver would coincide

with the grill on which the microphone is mounted, the

distance d corresponds to the tube length. The graphs

on the left side of the �gure are made for d = 10 mm

so that the noise is cancelled at the position 10 mm to

the left of the headphone. For the frequencies that are

considered there is not much noise cancellation at the

position of the ear canal entrance.

There are two fundamental reasons for this. The obvious

one is that the error microphone is too far from the ear

canal entrance. The second one is by far more important

however and can be explained from the graphs on the

right side of the �gure which are made for d = 23 mm.

The zone of quiet is substantially larger here, showing

that it is favorable to put the noise cancellation loud-

speaker driver (the headphone in this case) further away

from the error microphone. An observation that may

be non-intuitive is that the width of the zone of quiet is

more or less constant over a wide frequency range (100-

10000 Hz). This can be explained as follows. The am-

plitude of sound decays with the inverse of the distance

to the sound source. Far away from the sound source

the sound is therefore not attenuated much if one moves

over a certain distance. In the simulation the error mi-
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Fig. 7: Coloration of other headphone types.

crophone is very close to the headphone however. Small

displacements give huge di�erences in the noise power

that originates from the headphone. In the graphs on

the left of Fig. 8 for example the noise level at the

position half way in between the microphone and the

headphone is the same as when the headphone would be

absent (35 dB). This is true no matter how low in the

frequency is. For very low frequencies the noise signal

at the position of the microphone is for example r. The

headphone should therefore make �r at this position to

achieve noise cancellation. This means that the head-

phone makes approximately �2r half way in between the

microphone and the headphone, so that the total signal

will be roughly equal to �r at this position. Although

these simulations give some indication about the zone-of-

quiet, real measurements are necessary as the headphone

is not a point source and the sound does not propagate

in free space.

Dummy head measurements

The inuence of the tube length is measured next. In the

measurement, a thin tube of 39 mm length is used in the

HP890 prototype headphones and no foam is applied.

The headphones are placed on the dummy head6. Once

the calibration is completed, a noise signal is played back

through the loudspeaker and later through the simulated

loudspeaker using headphones. The noise is picked up

using the left microphone inside the headphones. The

power spectrum is computed for the microphone signal

corresponding to both the loudspeaker and the virtual

6For these measurements, the KEMAR dummy head was

used as it has an `ear-canal' (Zwislocki coupler).
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loudspeaker (headphones). The di�erence between these

two represents the error power and is shown in the top

graph of Fig. 9. The vertical axis runs from -3 dB to

3 dB. If the curve goes outside these limits, this means

that the noise cancellation actually increases the noise

for those frequencies. It can be seen that the noise sup-

pression is excellent at the position of the error micro-

phone. This experiment is repeated using the left micro-

phone inside the dummy head. The graph shows that the

noise cancellation is still quite accurate up to 10 kHz on

the position of the dummy head's `ears' (measurement

microphones).

This measurement is a repeated for various tube lengths

using the dummy head's `ears'. The results are shown

in Fig. 10. It can be seen from these graphs is that

increasing the tube length beyond 24 mm does not im-

prove the performance. When the tube is made shorter

than 24 mm the performance rapidly decreases. A tube

length of 5 mm for example only gives good results up to

3 kHz. Based on these results the tube length is �xed
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Fig. 9: Di�erence between the power of noise played

through loudspeaker and the power of noise played

through virtual loudspeaker (dB) a tube length of

39mm measured at the headhones' microphone (up-

per) and measured at the dummy head's micro-

phones (lower). The vertical axis runs from -3.5 dB

to 3.5 dB.

at 22 mm. At this length, the tubes do not touch the

concha for most people when the headphones are put on

properly. Note that the tube does not go into the ear

canal at this length. The calibration is repeated while
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Fig. 10: Di�erence between the power of noise

played through loudspeaker and the power of noise

played through virtual loudspeaker (dB) for various

tube lengths measured at the dummy head's micro-

phones. The graphs are shown for tube lengths of

5,9,14,19,24,29,34,39, and 44 mm. The vertical axis

runs from -3 dB to 3 dB.

recording both the left microphone of the the dummy

head and the left microphone of the headphones. Spec-

trograms of these signals are shown in Fig. 11 on page

11. The top-left one corresponds to the microphone in

the headphones and the lower-left one corresponds to

the microphone inside the dummy head. The horizontal

axis corresponds to time (s) and the vertical axis corre-

sponds to frequency (Hz). The gray scale indicates the

power of the signals (dB). The adaptation is started at

about 7 s. It is apparent from this �gure that noise is

canceled over a wide frequency range at the position of

the microphone inside the headphones. At the position

of the dummy head's `ear-drum', noise cancellation is

only achieved upto 7 kHz (lower left spectogram). From

the dummy head measurements it appears that the tube

should be somewhat longer. The dummy head is quite

di�erent from the human head however. Also, the head-

phones �t better (i.e. closer) on a human head. The two

spectrograms on the left side of Fig. 11 are also normal-

ized on their initial energy and they are shown on the

right side of the �gure. From these graphs the accuracy

of the noise cancellation can be seen. At the position

of the microphone inside the headphones this accuracy

is more than 20 dB for almost all frequencies. There is

almost no noise to be canceled to start with for the fre-
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quencies where less cancellation is achieved. This can be

seen from the left graphs. At the position of the `ear-

drum' of the dummy head the noise cancellation is some-

what less but still close to 20 dB. The frequency range is

limited to 7 kHz however. The �gure also shows that the

convergence time that is needed to achieve about 20 dB

accuracy is about 5 s for most frequencies. Note that in

the adaptive �lter there is a trade o� between the con-

vergence speed and the �nal noise suppression. For the

very low frequencies the convergence time is higher how-

ever due to the poor signal-to-noise ratio. Below roughly

100 Hz the room noise is stronger than the measurement

noise.

INFLUENCE OF THE FILTER LENGTH

The algorithm consists of a calibration stage and a sound

reproduction stage. The sound reproduction stage is

computationally more intensive than calibration stage

in which the �lters corresponding to one loudspeaker are

computed.

The �lter length should be chosen such that most of the

acoustic impulse response is captured at a given sample

frequency. The �rst part of the impulse response con-

sists of propagation delay and the direct path from the

loudspeaker to the headphones and some early room re-

ections. This part is typically about 20 ms long. The

second part of the impulse response contains the rever-

beration of the room. The reverberation time T60 is

de�ned as the time that is required for sound presure

level to drop 60 dB after switching o� the sound source.

This reverberation time depends on the size of the room

and the furniture that is inside in a frequency depen-

dent manner. The reverberation time of a living room is

typically 500 ms [12]. The preferred reverberation time

values for various enclosure types are shown in Table

1 [13]. The question that arises now is how long the

Table 1: Preferred reverberation time values

enclosure type T60 (s)

living room 0.5

cinema 0.7{1.0

theatre 0.9{1.3

chambre music hall 1.2{1.5

opera house 1.2{1.6

concert hall 1.7{2.3

church 1.5{2.5

�lter should be in order to the capture most of the re-

verberation energy for a particular room with a known

reverberation time.

The sound pressure level decays roughly exponentially.

The relative amount of reverbation energy that is not

captured using a �lter of length T60 is -60 dB. The de-

cay is linear on a logarithmic scale so that the relative

amount of reverbation energy that is not captured using

a �lter of length �T60 is7

�T60 = ��60dB; (2)

with � > 0. Small rooms that have carpet on the oor

have a T60 of about 0.25 s. Filters of length 50 ms cor-

respond to 2048 coeÆcients at 44100 Hz. Only 30 ms

is used for modeling the reverberation. From (2) it fol-

lows that the reverberation is modeled with an accu-

racy of 7.2 dB which suÆces in practice. The same �l-

ter length gives only 3.6 dB accuracy in a typical living

room (T60 = 0:5 s) which is insuÆcient in practice. Fil-

ters of length 100 ms will do in most small to medium

sized rooms. The headphone simulation will approach

the loudspeaker playback more and more when the �lter

can capture more of the tail of the impulse response (i.e.

the reverberation). Listening experiments are required

to assess the amount of reverberation that needs to be

captured in order to provide transparency.

CONCLUSIONS

The performance of a system that delivers multichan-

nel sound using headphones is analyzed. The system is

calibrated using active noise cancellation techniques. It

is found that the error microphone should be very close

to or even inside the ear. Its relative position with re-

spect to the ear and the headphones determines the up-

per bound on the frequency for which the system gives

convincing results. Frequencies up to 7 kHz can be pro-

cessed with a high accuracy for practical con�gurations.

Higher frequencies, up to 10 kHz, can be dealt with too

if a thin tube is used that runs somewhat into the outer

ear.
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Fig. 8: Noise cancellation simulation, the noise source is at position x = 1:00 m; y = 1:75 m (at the lower

right of the origin, this is the left front loudspeaker in a ITU con�guration), the error microphone is at

x = 0:017 m; y = 0 m (left graphs) and x = 0:004 m; y = 0 m (right graphs), corresponding to a tube length

of 10 mm and 23 mm respectively. The headphone is at position x = 0:027 m; y = 0 m. Only the noise

suppression at the origin is of interest, this is where the ear is located. The color bar has a dB scale. Without

the secondary sound source the noise level at the origin is approximately 35 dB.
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Fig. 11: Spectogram showing Active Noise Cancellation convergence for left side of the HP890 headphone

prototype. The top-left one corresponds to the microphone in the headphones and the lower-left one cor-

responds to the microphone inside the dummy head. The horizontal axis corresponds to time (s) and the

vertical axis corresponds to frequency (Hz). The color indicates the power of the signals (dB). The adaptation

is started at about 7 s.
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