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Basic operating principles same as  
loudspeakers and microphones 

• Dynamic, electrostatic, (and planar magnetic)
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Loudspeaker listening 
• Effects of the room and 

listeners head and body 
are included. 
- Binaural cues (ITD and 

ILD) are preserved. 
• All speakers are heard 

with both ears.

Headphones vs. Loudspeakers
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Interaural Time Difference Interaural Level Difference 

Figure 2.2: ITD and ILD are important binaural cues that help us to locate sound sources.

2.2.4 Head Related Transfer Function - HRTF

If ITD and ILD are measured with a symmetrical artificial head, the observation is that
the elevation does not affect either one. Still, it is clear that we can perceive elevation of
the sound source as well, at least with some accuracy [19]. That means that there must
be some extra cues in addition to ITD and ILD. These (monaural) cues come from the
human anatomy. The antisymmetry of the head, pinna, shoulders and upper torso affect
the sound waves, e.g., by filtering, colorizing and shadowing them. Depending on the
angle of the incoming sound wave they also create different kind of reflections. Thus,
evaluation of the elevation is based on the antisymmetry of the head and pinna as well as
the reflections coming from the shoulders. All these effects together are depicted by so
called Head Related Transfer Function (abbreviated HRTF).

Despite the name it considers the shoulders and upper torso as well. Head Related Trans-
fer Functions are, intuitively, individual. Each person has slightly different anatomy of the
upper body and therefore slightly different HRTFs as well. For example, the pinna is a
complicated resonator system with all its individual arcs and notches.

HRTF is the transfer function from the sound source to the entrance of the auditory canal
in free-field. The auditory canal and ear drum do not add anything to spatial and directional
hearing, thus it is sufficient to measure HRTFs from the entrance of the auditory canal.
Since the HRTFs are different from person to person, the best way would be to measure
them individually, yet for practical reasons (time and money) averaged HRTFs from a set
of subjects are often used. Another way is to use a dummy head (i.e., head and torso
simulator), which has microphones planted in its ears. Dummy heads are based on average

Inter-aural time  
difference (ITD)

Inter-aural level  
difference (ILD)



Headphone listening 
• Effects of the environment and the listener’s body are lost, 
• Almost perfect channel separation, 

- Poor externalization—Sounds localize inside the head 
• Often isolates listener from their surroundings, 

- Personal, 
- Less social, 
- Dangerous in certain situations.

Headphones vs. Loudspeakers
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A BALANCED STEREO WIDENING NETWORK FOR HEADPHONES 

OLE KIRKEBY 

Speech and Audio Systems Laboratory, Nokia Research Center, Helsinki, Finland 
ole.kirkeby@nokia.com 

The purpose of a stereo widening network for headphones is to compensate for the non-ideal listening conditions 
experienced when listening to music mixed for playback over two widely spaced loudspeakers. Our network is balanced 
in the sense that there is a constraint on the sum of the magnitude responses of the cross-talk (left input to right output, 
and right input to left output) and the direct paths (left input to left output, and right input to right output). In order to 
ensure that only a minimum of spectral colouration is added to the original sound only frequencies below 2kHz are 
processed. Consequently, a very natural characteristic of the reproduced sound is maintained, and it makes the stereo 
widening algorithm well suited for applications to high-quality digital source material. A structurally balanced 
implementation makes it possible to run the network very efficiently in fixed-point precision. 

INTRODUCTION 
The music that has been recorded over the last four 
decades is almost exclusively made in the two-channel 
stereo format which consists of two independent tracks, 
commonly denoted left (L) and right (R). The two tracks 
are intended for playback over two loudspeakers, and 
they are mixed to provide a desired spatial impression to 
a listener positioned centrally in front of two 
loudspeakers that ideally span 60 degrees. 
Portable devices use headphones rather than 
loudspeakers for the reproduction. Headphone 
reproduction potentially offers very good control of 
what the listener hears. When music is played back over 
loudspeakers, the perceived sound depends to a large 
extent on the characteristics of the acoustical 
environment, and on the position of the listener in that 
environment. The acoustics of a car cabin is very 
different from a living room, for example, and the 
listener’s position relative to the loudspeakers is also 
different in the two situations. 
It has long been known that headphone listening can 
cause in-head localisation [1] and fatigue [2]. The exact 
reasons why this happens are still not clear but it is 
widely accepted that the auditory system struggles with 
inputs that do not contain the interaural time- and level 
differences generated by physical sound sources [3], [4]. 
Thus, a processing scheme for converting material 
mixed for playback over loudspeakers to a format 
suitable for headphone listening ought to insert some 
binaural cues [5]. However, modification of high-
fidelity music recordings must be done with great care. 
There is evidence to suggest that certain types of post-
processing for the purpose of spatial enhancement has a 
detrimental effect on the sound quality [6]. The 
advantages of a spatial enhancer must be weighed 
against the blurring and spectral colouration it adds to a 

high-fidelity music recording. See [6] for the results of a 
listening test performed to assess the performance of a 
number of spatial enhancers, including the one 
described in the following, with high-fidelity music 
recordings. 

1 STEREO WIDENING FOR HEADPHONES 
The block diagram in Figure 1 shows a common way to 
implement spatial enhancement of two-channel stereo 
material. The direct paths are implemented by two 
identical filters Hd, and the cross-talk paths are 
implemented by two identical filters Hx. This kind of 
symmetric structure is very general, and many technical 
papers and patents are based on it even if they are not 
presented explicitly in this form. It is the derivation and 
the properties of Hd and Hx that are different. 
 

 
Figure 1: An implementation of a spatial processor. 

Weak decorrelation [7], [8] of the source signals 
guarantees that the two signals that are input to the 
widening network always differ to some extent even if 
the two signals from the digital source are identical. The 
spatial effect of decorrelation is that the component 
common to both L and R is not heard as being localised 
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at a single point, but rather it is spread out slightly so 
that it is perceived as having a finite size. This helps to 
give the impression that the central image is produced 
by a physical sound source, and it also ensures that the 
central image contains some binaural cues after being 
passed through the widening network. In addition, it 
reduces the attenuation of the monophonic component 
caused by the interference between the direct path and 
the cross-talk path. 
Equalization, such as a bass boost that can compensate 
for a poor transducer response, is conveniently 
implemented by post-processing so that it does not 
affect the dynamic properties of the stereo widening 
network itself. 

2 FILTER DESIGN AND IMPLEMENTATION 

2.1 Stereo played back over loudspeakers 
Fig. 2 illustrates what a listener hears when positioned 
centrally in front of two loudspeakers. 
 

 
Figure 2: The four paths from the two loudspeakers to 

the two ears of a listener. 

Sound coming from the left loudspeaker is heard at both 
ears, and, similarly, sound coming from the right 
loudspeaker is also heard at both ears. Consequently, 
there are four paths from the two loudspeakers to the 
two ears. When the loudspeakers are positioned 
symmetrically with respect to the listener the direct path 
from the left speaker to the left ear is the same as the 
direct path from the right speaker to the right ear, and, 
similarly, the cross-talk from left speaker to the right ear 
is the same as the cross-talk from the right speaker to 
the left ear. As in Figure 1 we denote the direct path by 
subscript d and the cross-talk path by subscript x. The 
direct path and the cross-talk path each has a frequency-
dependent gain, Gd and Gx respectively, and a 
frequency-dependent delay, t and t+itd respectively, 
associated with it. The difference between the two 
delays is the interaural time difference itd. 
We can derive approximate values for Gd and Gx by 
considering the physics of sound propagation. It is well 

known that when an object, such as the head of a human 
listener, is positioned in an incident sound field, such as 
that produced by a loudspeaker, the sound field field is 
not disturbed when the wave length is long compared to 
the size of the object [9]. Given the size of the human 
head, this means that Gd and Gx are constant and 
substantially equal below 1kHz. At high frequencies, 
where the wavelength is short compared to the size of 
the object, there is a pressure build-up on the object’s 
near side, and a pressure attenuation, also referred to as 
shadowing, on the object’s far side. If the object has a 
relatively simple shape, so that it does not focus the 
sound, and furthermore it is rigid, there will be a 
pressure doubling on it’s near side at very high 
frequencies, and no sound will reach the shadow zone. 
Based on this, we can set Gd and Gx to one at 
frequencies below 1kHz, and Gd to two and Gx to zero 
at high frequencies. 
The interaural time difference itd is strictly speaking 
also dependent on the frequency but we will assume that 
it is constant. It is widely accepted that the value of itd 
is the most important cue for determining the location of 
a source in the horizontal plane [10]. Thus, for frontal 
sources itd is zero whereas itd is about 0.7ms for 
sources directly to the side of the listener. 

2.2 Binaural synthesis 
If sound is emitted from a loudspeaker that is placed to 
one side of the listener, say straight to the left, it is 
possible to measure the sound pressures it produces at 
the two ears of the listener. The same sound pressures 
can be reproduced at the listener’s ears through 
headphones by processing the signal that is input to the 
loudspeaker with a pair of digital filters. Ideally, what 
the listener then hears over the headphones is the sound 
of a loudspeaker positioned straight to the left. This 
approach is called binaural synthesis [11], and it is a 
scientifically credible way to emulate natural listening 
conditions. When it is applied separately to a stereo 
recording’s left and right channel, the listener should 
hear the equivalent of two widely spaced loudspeakers. 
However, an attempt to model natural listening with 
very good accuracy introduces noticable spectral 
colouration of the reproduced sound, particularly at 
frequencies above 3kHz, and this colouration is 
unacceptable for high-fidelity music material. 
Binaural synthesis has been used extensively in the 
research community during the last decade, mainly for 
the purpose of understanding the localisation 
mechanism of the human auditory system. 

2.3 A balanced stereo widening network 
Our network implements binaural synthesis with a 
careful choice of the head-related transfer functions that 
are realised by the direct gain Gd, the cross-talk gain Gx, 
and the interaural time difference itd. The values of 
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those parameters are based on the physics of sound 
propagation, as discussed in section 2.1. We set both Gd 
and Gx to one at low frequencies, and at high 
frequencies we set Gd to two and Gx to zero. Thus, if 
neither Gd or Gx vary too rapidly in the transition band, 
the sum of Gd and Gx is always very close to two. We 
can ensure that the network does not amplify its input 
by scaling the direct path and the cross-talk path by a 
factor of 0.5. Consequently, when a pure sine is input in 
one channel, the sum of the amplitudes of the two 
outputs is the same as the amplitude of the input. For 
this reason, we say that the network is balanced (the 
technical term for a pair of filters with this property is 
'amplitude complementary'). At low frequencies, the 
input is split equally between the two outputs; at high 
frequencies it is passed straight through from the input 
to the output. 
In order to minimise processing artifacts, in particular 
comb-filtering of the monophonic component at high 
frequencies, it is advantageous to make the low-pass 
characteristic of Gx more dramatic than the effect it 
emulates in real life. Consequently, frequencies above 
2kHz are considered 'high'. The resulting magnitude 
responses of Hd and Hx are shown in Fig. 3. 
 

 
Figure 3: The magnitude responses of the direct- and 

cross-talk paths of the network 

The value of the interaural time difference itd affects the 
amount of widening perceived by the listener. The 
highest value encountered when listening to real sound 
sources is around 0.7ms, which corresponds to about 30 
samples at a sampling frequency of 44.1kHz. A slightly 
higher value, 0.8ms for example, is good for a high 
degree of widening, but if itd is made too large (>1ms) 
the reproduced sound becomes very unnatural and 
uncomfortable to listen to. 

2.4 Implementation 
An efficient implementation of the balanced stereo 
widening network is based on the simple digital filter 
structure shown in Figure 4. 
 
 
 

 
Figure 4: A simple filter structure and its magnitude 

response. Ngroup is the group delay of the lowpass filter 

This filter structure takes advantage of the fact that it is 
very easy to modify the output from a linear phase 
lowpass filter so that the result corresponds to the output 
of another linear phase filter that also passes low 
frequencies straight through but which has a different 
magnitude response at high frequencies. Such a 
magnitude response is sometimes referred to as a 
shelving filter. Thus, a magnitude response of the type 
shown in Figure 4 can be realised from the output of a 
lowpass filter at very little extra expense. The extra 
processing requires a separate delay line whose length 
Ngroup in samples corresponds to the group delay of the 
lowpass filter, plus two multiplications, by g and 1-g 
where g is the high-frequency magnitude response, and 
one addition of the outputs from the two branches. In 
practice, the group delay of the lowpass filter is of the 
order of 0.25ms which corresponds roughly to Ngroup 
having a value of 10 samples at 44.1kHz. 
Fig. 5 demonstrates how the filter structure shown in 
Fig. 4 can be used to achieve a computational saving by 
using the outputs from a single lowpass filter and a 
delay line to implement both the direct path and the 
cross-talk path. 
 

 
Figure 5: Implementation of a single virtual loudspeaker 

Fig. 5 emulates a virtual loudspeaker to the left of the 
listener, and a virtual loudspeaker to the right of the 
listener is implemented by the same filter structure 
mirrored vertically. 
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Head Related Transfer Function 
• Transfer function in free field from a point 

source to the ear canal entrance or ear drum. 
• Can be used to reproduce virtual loudspeakers 

over headphones 
- Multi-channel audio, 
- Measurements from loudspeaker positions, 
- Often some artificial reverb is added.

HRTF
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head moves, turns or tilts. This is quite unnatural in most situations and enhances the
lateralization effect. This can be avoided with the use of head-tracking. If the orientation
of user’s head is tracked it is possible to create stationary virtual sound sources, which stay
in a fixed position, even if the user turns his/her head (see Figure 3.15). This reduces the
lateralization effect because the sound source seems to behave as if it was really out there.
The head turning also helps to locate sounds that are coming directly in front or from behind
of the subject.

(c) With head-tracking (b) Without head-tracking (a) Normal listening situation 

Figure 3.15: (a) is a normal headphone listening situation, where the loudspeakers represent
virtual sound sources. (b) and (c) are examples where a virtual sound field moves along with
the head without the head-tracking function (b), and where the sound field remains in a fixed
position with the help of head-tracking (c)

3.4.1 Positioning

One of the ways to fix the location of the user is with GPS (Global Positioning System). It is
nowadays widely used in the navigation systems of cars and even in some mobile phones.
A GPS receiver locates itself with the help of a constellation of satellites that orbits the
earth. The advantage of GPS is that it can be used worldwide and it is fairly accurate. The
downsides are that it is not accurate enough to track the user’s head movements and that it
requires a line of sight to the satellites in order to operate. Thus, it is only suited for outdoor
use and that is not sufficient for ARA applications.

Another common technology that can be used for positioning is WLAN (Wireless Local
Area Network). Many current mobile phones and other portable devices already have built-
in WLAN. WLAN access points can also be found in many public places, including schools,
libraries and airports. Most of WLAN-based positioning is based on signal strength of

Virtual loudspeakers



When the user turns their head when wearing headphones

HRTF - Head Tracking
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Additional types/features  
• Active noise control (ANC),  
• Wireless or truly wireless

Headphone Types
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Circum-aural

Supra-aural
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In-ear



Headphones are measured using a coupler, such as a dummy head or an 
ear canal simulator 

• Headphones are designed to sound good when worn properly. 
• A coupler simulates the acoustic properties of  

a human ear—Acoustic load. 
• ITU-T Recommendation P.57: Artificial Ears 

- Type 3.3. simulator often used 
• Works with all headphone types 

• Microphone (often) at the ear drum position. 
- Drum Reference Point (DRP)
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The ear canal simulator standardized in IEC 60318-4 
• Cylindrical central volume with the length and diameter similar to an 

average human ear canal. 
• Different resonators connected to the central volume. 
• Microphone at the end of the cylindrical volume. 

- DRP 
• Measurements and calibration according to  

the ITU-T Recommendation P.57
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Correct fitting is extremely important

Positioning of the Headphones
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An in-ear headphone fit different fitting



• ITU-T Recommendation P.380: Electro-
acoustic measurements on headsets  
- “Due to the sensitivity of the test results to the 

headset positioning, the tests shall be 
repeated at least 5 times by completely 
repositioning the headset…“
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“…the modifications caused by different 
positions were always perceived.” 

Audio Engineering Society

Convention Paper
Presented at the 128th Convention

2010 May 22–25 London, UK

The papers at this Convention have been selected on the basis of a submitted abstract and extended precis that have
been peer reviewed by at least two qualified anonymous reviewers. This convention paper has been reproduced from
the author’s advance manuscript, without editing, corrections, or consideration by the Review Board. The AES takes
no responsibility for the contents. Additional papers may be obtained by sending request and remittance to Audio
Engineering Society, 60 East 42nd Street, New York, New York 10165-2520, USA; also see www.aes.org. All rights
reserved. Reproduction of this paper, or any portion thereof, is not permitted without direct permission from the
Journal of the Audio Engineering Society.

Audibility of headphone positioning variability

Mathieu Paquier1, Vincent Koehl1

1University of Brest (UEB), LISyC EA 3883, Centre Européen de Réalité Virtuelle, 25 rue Claude Chappe, 29280
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ABSTRACT
This study aims at evaluating the audibility of spectral modifications induced by slight but realistic changes
in the headphone position over a listener’s ears. Recordings have been performed on a dummy head on
which 4 different headphone models were placed 8 times each. Musical excerpts and pink noise were played
over the headphones and recorded with microphones located at the entrance of the blocked ear canal. These
recordings were then presented to listeners over a single test headphone. The subjects had to assess the
recordings in a 3I3AFC task to discriminate between the different headphone positions. The results indicate
that, whatever the headphone model or the excerpt, the modifications caused by different positions were
always perceived.

1. INTRODUCTION
Sound reproduction over headphones is used in nu-
merous applications such as sound quality assess-
ment, binaural rendering and domestic use. Sound
engineers often use headphones to monitor their
recordings and mixes. When choosing a headphone
for a specific use, attention is paid to its type and
especially to the quality of its transducers. Never-
theless, the coupling between the headphone and the
listener’s ears is not taken into account.

The HeadPhone Transfer Function (HPTF) de-
scribes both the headphone response and the cou-

pling to a listener’s ear. For binaural restitution
(based on recordings or synthesis), the HPTFs can
be measured, averaged (if measured several times)
and inverted to compensate for the headphone influ-
ence and recreate the exact signals at the listener’s
ears.

Pralong and Carlile [1] have argued that equaliza-
tion needs to be listener specific: they have mea-
sured the HPTFs of 10 subjects equipped with the
same headphone by using an in-ear recording sys-
tem. They found significant inter-individual differ-
ences in the 4 to 10 kHz range and showed that the
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Figure 1a and b: Comparison between an ideal loudspeaker free-
field measurement and the same measurement in the ear of a 
head-torso simulation devise

Headphone Testing (Part 1) 
The Basics
By Steve Temme, Listen, Inc.

Introduction
As more and more loudspeaker engineers find themselves 

employed in the fast-growing headphone market, either through 
company diversification or changing jobs, it is important that 
the unique challenges of testing headphone packages are fully 
understood. Many of the characteristics that make for a good in-
room listening experience with a loudspeaker—good frequency 
response, low distortion, no Rub & Buzz or loose particles, 
etc.—also apply to headphones, and many of the principles of 
loudspeaker test apply. However, there are some major differences 
and additional issues that need to be taken into account. These 
include couplers and associated correction curves, acoustic seal, 
fixturing, and additional tests such as L/R tracking. In this article, 
we discuss the issues that are common to testing all types of 
headphones. In Part 2 (a future article) we will address the specific 
needs of special cases of headphones such as Bluetooth and USB 
headphone testing, noise-cancelling headphones, and Max SPL 
measurements to prevent hearing loss.

Similarities and Differences
First, let us look at the similarities in testing loudspeakers and 

headphones. The set-up essentially consists of an electroacoustic 
measurement system, some kind of ear simulator containing a 
reference microphone, and the device under test. A test signal is 
sent to the transducer (headphone), which in turn is measured by 
a reference microphone in a coupler.

The basic measurements made on headphones are very similar 
to those made on loudspeakers. These include frequency response, 
phase (polarity), distortion (THD and Rub & Buzz), and imped-
ance. In both cases, the test signal is usually a swept sine wave, 
and the level can vary. Some set the drive level to achieve a certain 
sound pressure level at a given frequency; others choose the level 
that equates to 1 mW of power. Certain products may necessitate 
testing the frequency response at one level and performing a sec-
ond, higher level test for distortion. 

Now, let us look at the differences. The primary difference in 
the test set up between a loudspeaker and a headphone mea-
surement is in the way in which the transducer interacts with 
the microphone. Whereas loudspeakers are tested in open air, a 
headphone or earphone must be presented with an acoustic load 
that simulates the human ear. It is common to compare the left 
and right-channel frequency response. Large differences at certain 
frequencies can be very audible in a stereo device, even though 
the individual responses may be within specification. Sometimes, 
electrical characteristics such as crosstalk may also be measured.

Considerations
Before beginning to test headphones, there are two major con-

siderations that need to be taken into account—correction curves, 
and the acoustic seal. These both have an effect of the frequency 

response. The latter also affects the repeatability of measurements.

Coupler Correction Curves
Loudspeaker engineers are familiar with the ideal frequency 

response for a loudspeaker measured in the free field being a 
flat line (see Figure 1a). For headphones, however, this is not 
the case. Headphone measurements are taken at what is known 
as the Drum Reference Point (DRP)—a point representing the 
human eardrum. Figure 2 shows where this is on a Head & 
Torso Simulator (HATS). If you were to measure the same loud-
speaker that produced the flat free-field response curve in Figure 
1a at the Drum Reference Point, the frequency response would 
look like Figure 1b. In other words, for a headphone to sound 
like a loudspeaker with a flat frequency response, it must produce 
a frequency response curve like Figure 1b.

This frequency response curve is a correction curve, or transfer 
function that represents the effects of the head, torso, pinna, ear 
canal and ear simulator. To further complicate matters, different 
correction curves are applied according to whether your mea-
surements are made in the free field (anechoic room) or diffuse 
field (reverberation room) (see Figure 3). For the most part, like 
loudspeaker measurements, the free field is used. Typically, when 
making measurements, the subtraction of the correction curve 
from the actual measurement can be carried out in your test 
software, so that your output frequency response is shown as the 
familiar straight line.

Headphone/Ear Seal
Another issue that needs to be addressed when testing head-

phone is the acoustic seal, or leakage. Realistic headphone mea-
surements (using a HATS or similar) have a certain degree of 
leakage as the headphone does not fit tightly to the pinna. This 
has an effect on the frequency response, with a demonstrable loss 

a)

b)
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a)

b)

• Ideal free field (anechoic) response of an 
ideal (flat response) loudspeaker. 
- Reproduces all frequencies equally loud. 

• Response of the ideal loudspeaker measured 
at the ear drum (DRP) 
- Includes the effects of torso, head, pinna, and 

the ear canal of the dummy head.
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Before beginning to test headphones, there are two major con-

siderations that need to be taken into account—correction curves, 
and the acoustic seal. These both have an effect of the frequency 

response. The latter also affects the repeatability of measurements.

Coupler Correction Curves
Loudspeaker engineers are familiar with the ideal frequency 

response for a loudspeaker measured in the free field being a 
flat line (see Figure 1a). For headphones, however, this is not 
the case. Headphone measurements are taken at what is known 
as the Drum Reference Point (DRP)—a point representing the 
human eardrum. Figure 2 shows where this is on a Head & 
Torso Simulator (HATS). If you were to measure the same loud-
speaker that produced the flat free-field response curve in Figure 
1a at the Drum Reference Point, the frequency response would 
look like Figure 1b. In other words, for a headphone to sound 
like a loudspeaker with a flat frequency response, it must produce 
a frequency response curve like Figure 1b.

This frequency response curve is a correction curve, or transfer 
function that represents the effects of the head, torso, pinna, ear 
canal and ear simulator. To further complicate matters, different 
correction curves are applied according to whether your mea-
surements are made in the free field (anechoic room) or diffuse 
field (reverberation room) (see Figure 3). For the most part, like 
loudspeaker measurements, the free field is used. Typically, when 
making measurements, the subtraction of the correction curve 
from the actual measurement can be carried out in your test 
software, so that your output frequency response is shown as the 
familiar straight line.

Headphone/Ear Seal
Another issue that needs to be addressed when testing head-

phone is the acoustic seal, or leakage. Realistic headphone mea-
surements (using a HATS or similar) have a certain degree of 
leakage as the headphone does not fit tightly to the pinna. This 
has an effect on the frequency response, with a demonstrable loss 

a)

b)

In order for a headphone  
to sound like an ideal loudspeaker,  

the magnitude response at the ear drum  
should look like in Fig. b)

# 🎧
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Figure 1a and b: Comparison between an ideal loudspeaker free-
field measurement and the same measurement in the ear of a 
head-torso simulation devise

Headphone Testing (Part 1) 
The Basics
By Steve Temme, Listen, Inc.

Introduction
As more and more loudspeaker engineers find themselves 

employed in the fast-growing headphone market, either through 
company diversification or changing jobs, it is important that 
the unique challenges of testing headphone packages are fully 
understood. Many of the characteristics that make for a good in-
room listening experience with a loudspeaker—good frequency 
response, low distortion, no Rub & Buzz or loose particles, 
etc.—also apply to headphones, and many of the principles of 
loudspeaker test apply. However, there are some major differences 
and additional issues that need to be taken into account. These 
include couplers and associated correction curves, acoustic seal, 
fixturing, and additional tests such as L/R tracking. In this article, 
we discuss the issues that are common to testing all types of 
headphones. In Part 2 (a future article) we will address the specific 
needs of special cases of headphones such as Bluetooth and USB 
headphone testing, noise-cancelling headphones, and Max SPL 
measurements to prevent hearing loss.

Similarities and Differences
First, let us look at the similarities in testing loudspeakers and 

headphones. The set-up essentially consists of an electroacoustic 
measurement system, some kind of ear simulator containing a 
reference microphone, and the device under test. A test signal is 
sent to the transducer (headphone), which in turn is measured by 
a reference microphone in a coupler.

The basic measurements made on headphones are very similar 
to those made on loudspeakers. These include frequency response, 
phase (polarity), distortion (THD and Rub & Buzz), and imped-
ance. In both cases, the test signal is usually a swept sine wave, 
and the level can vary. Some set the drive level to achieve a certain 
sound pressure level at a given frequency; others choose the level 
that equates to 1 mW of power. Certain products may necessitate 
testing the frequency response at one level and performing a sec-
ond, higher level test for distortion. 

Now, let us look at the differences. The primary difference in 
the test set up between a loudspeaker and a headphone mea-
surement is in the way in which the transducer interacts with 
the microphone. Whereas loudspeakers are tested in open air, a 
headphone or earphone must be presented with an acoustic load 
that simulates the human ear. It is common to compare the left 
and right-channel frequency response. Large differences at certain 
frequencies can be very audible in a stereo device, even though 
the individual responses may be within specification. Sometimes, 
electrical characteristics such as crosstalk may also be measured.

Considerations
Before beginning to test headphones, there are two major con-

siderations that need to be taken into account—correction curves, 
and the acoustic seal. These both have an effect of the frequency 

response. The latter also affects the repeatability of measurements.

Coupler Correction Curves
Loudspeaker engineers are familiar with the ideal frequency 

response for a loudspeaker measured in the free field being a 
flat line (see Figure 1a). For headphones, however, this is not 
the case. Headphone measurements are taken at what is known 
as the Drum Reference Point (DRP)—a point representing the 
human eardrum. Figure 2 shows where this is on a Head & 
Torso Simulator (HATS). If you were to measure the same loud-
speaker that produced the flat free-field response curve in Figure 
1a at the Drum Reference Point, the frequency response would 
look like Figure 1b. In other words, for a headphone to sound 
like a loudspeaker with a flat frequency response, it must produce 
a frequency response curve like Figure 1b.

This frequency response curve is a correction curve, or transfer 
function that represents the effects of the head, torso, pinna, ear 
canal and ear simulator. To further complicate matters, different 
correction curves are applied according to whether your mea-
surements are made in the free field (anechoic room) or diffuse 
field (reverberation room) (see Figure 3). For the most part, like 
loudspeaker measurements, the free field is used. Typically, when 
making measurements, the subtraction of the correction curve 
from the actual measurement can be carried out in your test 
software, so that your output frequency response is shown as the 
familiar straight line.

Headphone/Ear Seal
Another issue that needs to be addressed when testing head-

phone is the acoustic seal, or leakage. Realistic headphone mea-
surements (using a HATS or similar) have a certain degree of 
leakage as the headphone does not fit tightly to the pinna. This 
has an effect on the frequency response, with a demonstrable loss 

a)

b)

100 200 500 1k 2k 5k 10k−20

−10

0

10

20

Frequency (Hz)

M
ag

ni
tu

de
 (d

B
) Sennheiser HD 650 

- Measured using a dummy head

“Ideal” loudspeaker measured 
from inside my ear canal (1cm)

100 1k 10k
−10

0

10

20

M
ag

ni
tu

de
 (d

B
)

Frequency (Hz)



Ear canal Resonance
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Measurements — Circum aural
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Measurements — Supra aural
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Measurements — Intra concha
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Measurements — In ear
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Measurements — In ear 2
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Half wavelength resonator (Instead of a quarter wavelength) 
• In-ear headphone closes the other end of the tube 

- Tube that is closed at both ends 
• Acts as a half-wavelength resonator 

- Creates an unnatural  
half-wavelength resonance 

- Kills the natural  
quarter-wavelength resonance 
• Has to be reintroduced by design

In-Ear Headphone Properties
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Pressure Chamber Principle 
• Affects low (and middle) frequencies in small, airtight enclosures. 
• Headphone driver pumps the air inside the ear canal cavity producing a 

sound pressure proportional to  
the driver excursion.  

• Sound pressure is distributed  
uniformly in the volume. 

➡ High SPLs at low frequencies 

In-Ear Headphone Properties
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Occlusion Effect 
• Refers to a situation where one’s ears 

are blocked by headphones and their 
own voice sounds loud and hollow.  
- Due to the bone conducted sounds that 

are conveyed to the ear canals. 
- Headphone blocks airborne sound.  

• The occlusion effect is experienced 
as annoying and unnatural. 

In-Ear Headphone Properties
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Headset Acoustics and Measurements

Bone  
conducted  
sound 

Bone  
conducted 
sound 

p p 

(b) (a) 

Figure 2.6. Occlusion effect. Diagram (a) illustrates the open ear, where the bone con-
ducted sound radiates through the ear canal opening and (b) illustrates the
occluded ear, where the bone conducted sound is amplified inside the ear
canal. Adapted from [30].

The occlusion effect can be passively reduced by introducing vents in

the headset casing. However, the vents decrease the ambient noise isola-

tion of the headset, which is usually undesirable. Furthermore, the vents

increase the risk of acoustic feedback when the headset microphone is

placed near the earpiece. The occlusion effect can also be reduced actively,

which typically uses the active feedback cancellation method similarly as

a feedback ANC. That is, there is an internal microphone inside the ear

canal connected to the signal chain with a feedback loop [49]. According

to Meija et al. [49], active occlusion reduction can provide 15 dB of occlu-

sion reduction around 300 Hz, which results in a more natural perception

of one’s own voice and therefore increases the comfort of using a headset.

Furthermore, active occlusion reduction does not deteriorate the ambient

noise isolation capability of a headset, since no additional vents or leakage

paths are needed.
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The difference between the  
• open ear response, and  
• the response when wearing 

headphones, 
with external sound source.

Measuring Isolation
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Isolation depends on the angle of the sound source

Measuring Isolation

!33

100 1k 10k−50

−40

−30

−20

−10

0

10

20

Frequency (Hz)

M
ag

ni
tu

de
 (d

B
)

hd650

 

 

0°
20°
40°
60°
80°
100°
120°
140°
160°
180°

100 1k 10k−50

−40

−30

−20

−10

0

10

20

Frequency (Hz)

M
ag

ni
tu

de
 (d

B
)

ipod

 

 

0°
20°
40°
60°
80°
100°
120°
140°
160°
180°



Isolation Measurements
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Isolation — ANC
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Use Cases for Headphones
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Auditory Masking
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(Maskee)



Masking occurs when one sound affects the perceived 
loudness of another sound 

• Masking threshold is the SPL of a maskee necessary to be just 
audible in the presence of a masker. 

• Masker can hide the maskee completely or partially 
- Partial masking reduces the loudness of a target sound, but does not 

mask it to be inaudible. 
• Usually evaluated using critical bands (Bark, ERB).

Auditory Masking

!38
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Magnitudes and Isolations

!39

Sennheiser HD 650 Nokia WH-500 iPhone (old) Sennheiser CX300

Music

Noise

Music + 
Noise



• The ambient noise isolation 
capability of headphones has 
become an important design feature,  
- mobile usage of headphones takes 

place in noisy listening environments.  
• Auditory experience achieved with a 

certain pair of headphones cannot 
be evaluated solely by listening to 
the headphones in a quiet 
environment. 

Headphone Simulation in Noise
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HD650 were equalized to have a flat 
magnitude response at DRP

Headphone Simulation in Noise
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• Real-time simulator illustrating how 
background noise alters the timbre of 
music in the presence of noise. 

• Based on auditory masking models 
and isolation capabilities of different 
headphones. 
- Masking threshold estimation 
- Partial masking estimation 

• Components of the music that are 
masked are suppressed.

Perceived Response in Noise
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Implemented with a high-order graphic equalizer 
• 3 cascaded 4th-order sections for each critical band

Perceived Response in Noise
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Example analysis of a 200 ms frame

Perceived Response in Noise
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Perceptual Headphone Equalization for unmasking music in noisy 
listening environments.

Perceptual EQ
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Ref. Rämö et al. ICASSP 2013, Vancouver, Canada



Perceptual EQ
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