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Abstract
3-D audio synthesis is a computational method for generating and converting monaural sound sources into
binaural sound, e.g., virtual spatial audio for headphones playback. Binaural synthesis requires the use of
head-related impulse responses (HRIR), which can be measured or modeled, and are responsible for providing
listeners with the sensation of sound spatialization. It is known that HRIRs are dependent on the anthropometric
characteristics of individuals, thus, for a more realistic experience, it is best if the HRIRs are fitted to the
listener’s own physiology. This paper aims to study a technique for capturing HRIRs using binaural in-ear
microphones, and a computational approach for filtering out unwanted measurement artififacts, thus creating
a personal HRIR database. By generating excitation signals and reproducing it through an audio monitor in
an office-like environment, a raw database was first obtained, containing pairs of impulse responses (IR) for a
few different points in space, varying the monitor’s horizontal and vertical angles with respect to the subject’s
head, but with fixed head-position and distance radius. Since these measurements capture not only the subject’s
HRIRs, but also the influence of the loudspeaker, the room and the microphones response, a linear predictive
coding (LPC) filter was implemented, modeling approximate parametric IRs for these undesired components,
thus enabling to filter them out. As a result, a small HRIR database was acquired, and used as a convolutional
filter to virtualize monaural sound sources into 3-D audio. This measured database was then objectively compared
with its filtered version, showing a superior signal-to-noise ratio (SNR). Subjectively, the acquired database was
also compared with a public domain one, and a commercial virtual studio technology (VST) plugin, showing a
fair level of satisfaction. Finally, a discussion about complexity of implementation versus satisfaction of results is
presented, and further possibility of headphone equalization and head-tracking sensor integration as future work
is proposed.
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1. INTRODUCTION

Perhaps, sounds would be of less interest to
humans if it could not be heard. A subject’s
perception of sounds through the auditory sys-
tem is called hearing. The human auditory sys-
tem (HAS) comprises a set of organs that work
together to allow sounds to reach an individ-
ual’s consciousness, enabling the appreciation
of sounds’ characteristics. Physiologically, the
HAS is subdivided into outer, middle, and inner
ear. The outer ear works as an acoustic shell,
gathering sounds’ energy. The middle ear as-
sures that the energy transfer between outer and
inner ear is efficient. Then, the inner ear converts
sounds’ mechanical energy into electrochemical
impulses which are passed on to the brain via
the auditory nerve. Finally, the auditory path-
way ends in the upper areas of the temporal lobe
cortex, where the auditory sensations are inter-
preted [1–4].

Figure 1 illustrates a simplified cross-section of
the HAS, identifying the outer, middle and inner
parts of the ear.

Figure 1: Simplified cross-section of the HAS [5].

Still, the study of human hearing must also ac-
count for the interactions between the physical
properties of sounds and the physiological and
psychological aspects of the HAS. Due to these
aspects, humans cannot only perceive the level,
pitch and timbre of sounds, but also the distance
and direction of sound sources. A signal that
represents an incoming sound received through
the ears is called an auditory cue, which can be
monaural or binaural. The distinction is that a
monaural cue does not rely on any differences
between sounds reaching the left and right ears
to constrain the set of possible sound sources,

whereas if it does, then it results in a binaural
cue for localization. The perception of azimuthal
angles between a sound source and the head (φ )
is related to the inter-aural time difference (ITD)
and the inter-aural level difference (ILD). ITD
occurs when sound waves reach an individual’s
left and right ears at different instants of time,
and ILD occurs due to the acoustic shadowing
effect of a subject’s head, which results in an in-
tensity difference between the signal levels that
reach both left and right ears, both depending on
the angle φ . The perception of elevation angles
between sound sources and the head (θ ) occurs
mainly due to the physiology of the outer ear,
with its shape full of resonant cavities, that can
amplify or attenuate frequencies according to its
geometry and the direction of arrival of sound
waves. Hence, the sounds that reach a person’s
eardrums can be considered filtered versions of
the sound waves emitted by the sound sources.
The mathematical models that describe these fil-
ters in time-domain are called head-related im-
pulse responses (HRIRs), which vary their char-
acteristics according to a subject’s anthropome-
try. Therefore, the occurrence of sound events
in a person’s surroundings results in the percep-
tion of independent auditory images, that cor-
respond to the distance and direction of each
sound source. The superposition of these events
is called an auditory scene, which relates to the
physical surroundings of the listener [6–10].

Figure 2 illustrates the left and right ear HRIR
measurements of a KEMAR head and torso sim-
ulator for a sound source at a distance of 3m
from the center of the dummy head and located
at φ = 60◦ and θ = 0◦.

Figure 2: Example of an HRIR pair measurement [11].
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Since the acquisition of personalized HRIR mea-
surements is ideally required to be performed
in anechoic spaces, to avoid interference from
room impulse responses (RIR), e.g., echo, res-
onance, reverberation etc., this paper proposes
a do it yourself (DIY) approach, to circumvent
this idealism by modeling an inverse linear pre-
dictive coding (LPC) filter, to suppress unwanted
components of HRIR measurements acquired in
non-anechoic spaces.

The remainder of this paper is organized as fol-
lows: Section 2 describes the main theoretical
foundations of this work, Section 3 details the
development of this work, Section 4 presents re-
sults with some discussion, and, finally, Section
5 presents pertinent considerations to concludes
this study.

2. FUNDAMENTALS

With the invention of the phonograph in the late
1870’s, it became possible to record and playback
sounds in physical media. Likewise, most early
audio reproduction systems were monophonic,
i.e., they used only one channel, which makes it
difficult to distinguish sounds when mixed, due
to low dimensionality. In the late 1930’s, the
stereo system was introduced, expanding phono-
graphic systems to two channels, allowing for
the creation of a panorama of sounds in a mix,
thus enhancing the listening experience. In the
late 1960’s, the surround sound was introduced,
first with the quadraphonic sound system, which
never became as popular as its 1990’s successor,
the 5.1 standard. The reason for that was the
home theater concept, which allowed consumers
to have a cinematic experience at the comfort
of their homes, merging sound and vision into
an immersive experience. Subsequently, more
channels were added to different loudspeaker ar-
ray configurations in order to achieve even more
immersive experiences, for both home and cin-
ema theater applications (e.g., 7.1, 11.1, 22.2
etc.) [12].

However, all these systems have the common dis-
advantage of being channel-based audio (CBA)
formats, which implies a dependency on the com-
patibility between audio production (recording,
editing and mixing) and the playback system they

are designed for, not to mention their portabil-
ity issues. With the immense popularity of mo-
bile devices, more recent applications, such as
augmented and virtual reality (XR), are usually
intended for headphones playback, which lim-
its the representation of auditory scenes to only
two channels. On top (of that), the usage of
headphones often spoils stereophonic sound, by
restringing the hearing experience to the impres-
sion that sounds are confined inside the listener’s
head [13]. To circumvent these issues, binau-
ral sound production can be achieved by either
natural recording or synthesis.

2.1 Binaural recording

Natural recording of binaural sounds can be ac-
complished with artificial head and torso sim-
ulators, e.g., Neumann’s KU 100 (Figure 3a),
GRAS’ KEMAR (Figure 3b) etc., or binaural
microphone sets, e.g., 3Dio’s Free Space (Fig-
ure 3c), Hooke’s Verse (Figure 3d) etc., all of
which tries to mimic parts of the human physiol-
ogy that contributes to the way we hear.

(a) KU 100. (b) KEMAR.

(c) Free Space. (d) Verse.

Figure 3: Examples of (a) an acoustic dummy head, (b)
a head and torso simulator, (c) a binaural microphone

set, and (d) an in-ear binaural microphone set [14–17].

Fundamentally, the technologies exemplified in
Figure 3 incorporate matched microphone pairs,
to capture the interactions between the physical
properties of sounds and their artificial forms,
e.g., pinna, head, torso etc. When the audio
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captured by these arrays is played back via head-
phones, listeners can often perceive the auditory
images corresponding to the superposition of the
recorded sound events. The greater the similarity
between their forms and the physiology of the
listener, the more realistic is the immersion. In
the special case of in-ear binaural microphone
sets, the very own physiology of the listener be-
comes part of the binaural audio production, i.e.,
if the person who wears them for the recording
process is also the listener.

2.2 Binaural synthesis

In time-domain, binaural synthesis can be ac-
complished by convolving the time-domain rep-
resentation of audio signals with HRIR pairs (as
illustrated in Figure 4). An HRIR pair simply
models how both left and right ears of an acoustic
dummy, or a subject’s head, interacts with sound
sources in their surroundings. With fixed radius
distance (r), for each possible φ and θ angles, a
different HRIR pair must be either modeled or
measured, which means that more pairs lead to
a better representation of the physical surround-
ings of the listener [18, 19].

Figure 4: HRIR binaural synthesis scheme [20].

In the binaural synthesis scheme illustrated by
Figure 4, r, θ and φ are the sound source co-
ordinates, xA(t) is a dry audio signal, h̃L(t) and
h̃R(t) are the left and right HRIRs, (∗) denotes the
mathematical operation of convolution, xL(t) and
xR(t) are the left and right channels of the synthe-
sized binaural audio, and x̃(t) is the perceived au-
ditory image. Note that the scheme does not con-
sider headphone equalization or head-tracking.

A large number of HRIR pairs (and head-related
transfer functions (HRTFs), which are their
frequency-domain counterparts) can be found in
databases, e.g., the CIPIC HRTF database [21],
the Listen HRTF database [22], the 3D3A Lab
HRTF database [23] etc., yet, the hypothesis that
a database that is tailored to the physiology of the
listener can provide a more realistic experience,
still holds for binaural synthesis.

Moreover, although many methods for HRIR /
HRTF acquisition have been formerly proposed,
for both acoustic dummy heads and human sub-
jects, e.g., as in [24] and [25], these methods
usually require experimental settings that include
(but are not limited to) an anechoic chamber,
professional monitors for the playback of exci-
tation signals, acoustic dummy heads, head and
torso simulators, binaural in-ear microphone sets,
and appropriate sound-cards, not to mention pro-
gramming softwares for data processing. Hence,
we herein offer a low-cost methodology for per-
sonalized HRIR database acquisition and binau-
ral synthesis.

3. DEVELOPMENT

The development of this project was constrained
to the acquisition of HRIR measurements from
human subjects, which exempted the use of an
acoustic dummy head, or a head and torso simu-
lator.

For generating the excitation signals (as well
as data post-processing), programming and nu-
meric computing platform MATLAB was cho-
sen, running on a consumer level laptop without
any special modifications, e.g., graphics card,
sound card etc.

For the playback of excitation signals, a Genius’
SP-HF800 Pro loudspeaker was used (directly
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connected to the laptop’s line output), which is
a 20WRMS, two-way loudspeaker, with a 2.75"
driver unit [26], yet, only one of its loudspeakers
was used, which is illustrated in Figure 7a.

For capturing the excitation signals, a binaural in-
ear microphone set prototype was made, inspired
by Hooke’s Verse (Figure 3d) and Brüel & Kjær’s
4101-B [27]. Figure 5 illustrates this prototype,
which consisted of a pair of matched electret
microphones, taken from consumer smartphone
headsets, and mounted in an in-ear headphone,
in the place of the loudspeakers.

Figure 5: Binaural in-ear microphone set prototype.

This way the ear canal was blocked by silicone
ear-buds, and the microphones were facing out-
wards the ear, as illustrated in Figure 6.

(a) Left ear. (b) Right ear.

Figure 6: Prototype’s ear-buds blocking the ear canal.

At the end of its cable, a 3.5mm TRS (tip, ring,
and sleeve) stereo male plug was placed, with
its tip connected the left-ear microphone, its ring
connected to the right-ear microphone, and its
sleeve connected to the signal ground.

To record the signals captured by the binau-
ral in-ear microphone set prototype, a Marantz’

PMD620MKII handheld solid state recorder was
used. The reason for that, other than its availabil-
ity, was that this equipment has a 3.5mm TRS
female microphone input jack, which not only
can record in stereo, but can also provide a phan-
tom power of 5V, 1mA (maximum) [28], which
is necessary to power the electret microphones.
Figure 7b illustrates this equipment.

(a) SP-HF800 Pro. (b) PMD620MKII.

Figure 7: Playback and recording equipment.

The experiment was conducted with only one
subject, in an office-like environment, with car-
pet floor, acoustic panels on the walls and ceil-
ing, glass door and windows, some furniture,
e.g., desk, chairs etc., and some equipment lying
around, e.g., microphone stand, audio monitor
etc., as illustrated in Figure 8.

(a) Subject. (b) Setting.

Figure 8: Experiment’s subject and setting.

With this experimental setting, the excitation sig-
nals were produced by the laptop (running MAT-
LAB), played back through the loudspeaker, con-
volved with the RIR and the subject’s HRIR, cap-
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tured by the binaural in-ear microphone set pro-
totype, and stored into the recorder’s memory
card. These recordings were then passed on to
the laptop again, where the post-processing was
performed in MATLAB.

4. RESULTS AND DISCUSSIONS

Usually, an HRIR database is comprised of thou-
sands of measurements for each φ and θ angles,
but for this experiment, only five points in space
were chosen, namely: φ = 0◦ and θ = 0◦ (front),
φ = 180◦ and θ = 0◦ (back), φ = −45◦ and
θ = 0◦ (front-left), φ = 45◦ and θ = 0◦ (front-
right), and φ = 0◦ and θ = 45◦ (top).

For each φ and θ pair, nine measurements were
performed, and then their mean values were com-
puted. The subject was always sitting on a chair,
1m away from the loudspeaker, and with az-
imuthal plane roughly at the same height as the
loudspeaker.

This procedure was then repeated, placing the
microphones at the same spots as if they were
inserted in the subject’s ears. This was done in
order to capture the response to the excitation
signals without the interference of the subject’s
head. Figure 9 illustrates these results for the
pair φ = 0◦ and θ = 0◦ (front).

Figure 9: Measurement means with (top row) and
without (bottom row) head for φ = 0◦ and θ = 0◦.

From Figure 9, it’s evident that the impulse re-
sponses of the laptop, loudspeaker, room, micro-
phones, and recorder, all interfere on the HRIR
measurement.

To filter out these unwanted components, i.e.,
the IRs measured without head, an inverse fil-
tering approach was adopted. Since the LPC
analysis can be used to model signals, where a
discrete-time sample can be estimated by a linear
combination its past ones, signal modeling can
be achieved in the form of an infinite impulse
response (IIR) filter, according to

H(z) =
G

A(z)
=

G
1−∑

p
m=1 amz−m , (1)

where H(z) is a transfer function in the z-domain,
G is the filter gain, am is a set of linear coeffi-
cients, and p is the filter order. After analyzing
the unwanted IRs, it becomes possible to synthe-
size them by means of their frequency responses.
Since H(z) is an all-pole filter, when inverting
its numerator and denominator to perform the in-
verse filtering, 1/H(z) becomes a finite impulse
response filter (FIR), which guarantees stabil-
ity [29–32].

Of all methods available to compute G and A(z),
the Levinson-Durbin algorithm [33] is a popular
choice, and was used in this experiment, with or-
der p obtained empirically for each case. Figure
10 (top row) illustrates the resulting time-domain
model for the left-channel of the pair φ = 0◦

and θ = 0◦, while Figure 10 (bottom row) is
a zoomed-in version of the same signal, which
illustrates the model’s error.

Figure 10: LPC resulting model for the left-channel of
the pair φ = 0◦ and θ = 0◦ (top row), and zoom-in to

show the model’s error (bottom row).
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Figure 11: Resulting HRIR pairs, after inverse filtering, to suppress unwanted contributions.

Figure 11 illustrates the resulting database (trun-
cated at 4ms for a better visualization), after filter-
ing out the unwanted contributions to the HRIR
pairs, using the aforementioned LPC analysis
and synthesis.

Differences in the wave form of the the front, top
and back pairs evince the modeling of monaural
cues, whilst the inter-channel level and time dif-
ferences (ICLD and ICTD) for the front-left and
front-right pairs evince the modeling of binaural
cues.

4.1 Objective evaluation

To objectively evaluate the inverse filtering ap-
proach, the signal-to-noise ratio (SNR) between
the HRIR pairs before the inverse filtering, e.g.,
Figure 9 (top row), and the HRIR pairs measured
without the head, e.g., Figure 9 (bottom row) was
computed. This was achieved by computing the
ratio of the signal’s summed squared magnitude
(A) to that of the noise

SNR [dB] = 10log10

(
A(signal)
A(noise)

)2

, (2)

where the signals are the HRIR pairs before the
inverse filtering, and noise are the HRIR pairs
measured without the head.

Figure 12 (top row) illustrates the computed SNR
values for the left and right channels on the hor-
izontal plane, i.e., −45◦ ≤ φ ≤ 180◦ (left col-
umn), and on the vertical plane, i.e., 0◦ ≤ θ ≤
45◦ (right column).

Then, this procedure was repeated, for the SNR
between the HRIR pairs after the inverse filter-
ing, i.e., Figure 11, and the HRIR pairs measured

without the head, e.g., Figure 9 (bottom row).

These values are similarly illustrated in Figure
12 (bottom row), and it evinces that the un-
wanted components of the measurements were
suppressed at some level after the inverse filter-
ing, however they still vary according to φ and
θ .

Figure 12: Horizontal and vertical planes SNRs, before
(top row) and after (bottom row) inverse filtering,

according to φ and θ .

4.2 Subjective evaluation

To access whether the acquired database is in-
deed useful for binaural synthesis, a subjective
test was performed, in which 10 subjects anony-
mously answered a form1.

The reference signal was a 5s long excerpt from
a movie, where 3 sound events occur, one af-
ter the other, without overlaps. Sound Event 1
is a person speaking, Sound Event 2 is an old
revolver’s hammer click, and Sound Event 3 is
another person responding to the first one.

1https://bit.ly/3NJCxPP (audio samples included).

https://bit.ly/3NJCxPP
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This comprises a scene in which an impulsive
sound (whose frequency response spreads all
over the audible range) is sandwiched between
2 distinct speech signals, with different vocal
qualities.

Subjects were asked to listen to this reference
signal wearing headphones, an then answer 3
groups of questions.

For question group 1, each sound event was
convolved with a different HRIR pair, so that
Sound Event 1 would be perceived at the sub-
ject’s front-left, Sound Event 2 would be per-
ceived at the subject’s front, and Sound Event
3 would be perceived at the subject’s front-right.
For this LFR (left-front-right) synthesis, 3 dif-
ferent HRIR pairs were used: the ones acquired
in our experiment, the CIPIC HRTF database
subject’s 021 pairs, and Noise Maker’s Binaural-
izer [34], a professional virtual studio technology
(VST) audio plugin.

For question group 2, each sound event was con-
volved with a different HRIR pair, so that Sound
Event 1 would be perceived at the subject’s front,
Sound Event 2 would be perceived at the subject’s
top, and Sound Event 3 would be perceived at
the subject’s back. For this FTB (front-top-back)
synthesis, 2 different HRIR pairs were used: the
ones acquired in our experiment, and the CIPIC
HRTF database subject’s 021 pairs. Binauralizer
was not used here, because it can only synthesize
azimuthal angles.

For question group 3, each sound event was con-
volved with a different HRIR pair, so that Sound
Event 1 would be perceived at the subject’s front-
left, Sound Event 2 would be perceived at the
subject’s back, and Sound Event 3 would be per-
ceived at the subject’s front-right. For this LBR
(left-back-right) synthesis, only Binauralizer was
used.

After listening to each binaural sample, subject’s
were asked to evaluate whether their experience
was excellent, good, fair, poor or bad, in terms of
spatial hearing, and based on the previous knowl-
edge of where each sound event was supposed to
sound at.

Table 1 illustrates the results for the acquired
database, in which it’s evident that the LFR syn-

thesis in mostly fair, and that the FTB synthesis
is mostly poor.

Table 1: Acquired database’s subjective evaluation

Excell. Good Fair Poor Bad
LFR 10% 20% 40% 30% 0%
FTB 0% 10% 30% 40% 20%

Table 2 illustrates the results for the CIPIC HRTF
database, in which it’s evident that the LFR syn-
thesis in mostly excellent, and that the FTB syn-
thesis is mostly good.

Table 2: CIPIC HRTF database’s subjective evaluation

Excell. Good Fair Poor Bad
LFR 40% 30% 20% 10% 0%
LBR 30% 50% 10% 10% 0%

Table 3 illustrates the results for the Binaural-
izer VST audio pluguin, in which it’s evident
that both the LFR and LBR synthesis are mostly
good.

Table 3: VST pluguin’s subjective evaluation

Excell. Good Fair Poor Bad
LFR 20% 50% 30% 0% 0%
FTB 10% 40% 10% 30% 10%

For each question group, subject’s were also
asked to descant over the following questions:

• Did you had any difficulty detecting a par-
ticular direction, e.g., "confusion between
front and back", etc.?

• Did you suffer from internalization, i.e., the
impression that sounds were confined to the
space within your head?

• Do you have any considerations regarding
the quality of the aforementioned samples,
e.g., "first one sounded muffled", "last one
sounded bassy", etc.?

For question group 1, some subjects reported
that, for all sinthesis, they suffered from internal-
ization regarding Sound Event 2, and that differ-
ent coloration effects affected each synthesis. For
the acquired database synthesis, sounds were de-
scribed as "sharp", "muffled" and "reverberated".
For the CIPIC HRTF database synthesis, sounds
were described as "clear", "dry" and "filtered".
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And for the VST pluguin synthesis, sounds were
described as "echoed" and "bassy".

For question group 2, a few subjects reported that,
for all sinthesis, there was confusion between all
directions, that they suffered from internaliza-
tion regarding all sound events, and that different
coloration effects affected each synthesis. For
the acquired database synthesis, sounds were
described as "lacking definition", "muffled" and
"reverberant". For the CIPIC HRTF database
synthesis, no comments were made. And, for the
VST pluguin synthesis, sounds were described
as "less reverberant".

For question group 3, a few subjects reported
that they suffered from internalization regarding
Sound Event 2. No comments were made on
confusion or coloration.

4.3 Discussions

It’s important to emphasize that, giving that the
experimental hardware used was either consumer
level or prototyped, audio definition was at stake
from the beginning, mainly because of the elec-
tret microphones used, with unknown frequency
response, and the choice of excitation signals.
Since, according to classical linear signals and
systems theory, a system’s transfer function can
be acquired by measuring it’s impulse response,
a 1ms sound-step function was used, to approxi-
mately emulate a Dirac delta function. However,
according to [35], a sine-sweep function would
have been more appropriate.

Moreover, since the subjective test was remotely
conducted due to COVID restrictions, there was
no control over the experimental listening set-
tings, i.e., in which environment did the subjects
self-applied the test, or what equipment each sub-
ject had at hand (in-ear or over-ear headphones).

Also, according to [36–38], for a better experi-
ence, binaural synthesis should always match
each subjects’ HRIR measurements, which was
never the case in our experiments.

Another important factor is that, apart from head-
phones’ loudspeaker frequency response, acous-
tic coupling between headphones and pinnae
can produce noticeable frequency notches, that
may vary even due to headphones’ repositioning,

which causes coloration and the perception of
artifacts [39–43].

Furthermore, confusion between angles on the
sagittal plane are explained by the cone of con-
fusion, in which different azimuthal and/or ele-
vation angles share the same binaural cues, i.e.,
ILD and ITD [7].

On top of that, some studies claim that head-
tracking can interfere on the internalization of
auditory events, since in natural sound scenes,
subjects can benefit from head-tilting move-
ments to better estimate the direction of sound
sources [44, 45].

5. CONCLUSION

In this paper, a DIY approach for HRIR database
acquisition was proposed. Methodological com-
plexity can somewhat be regarded as fair, com-
pared to cost of implementation.

Moreover, results were subjectively evaluated
as mostly fair, and considering that it enables
the measurement of a personalized database, it
evinces an equitable compromise.

Improvements are evidently on demand, primar-
ily on hardware quality, e.g., the in-ear micro-
phone set, secondly on the excitation signal’s
choice, thirdly on data post-processing, i.e., head-
phones equalization for suppressing the percep-
tion of coloration and undesired artifacts, and
lastly on the addition of head-tracking to circum-
vent internalization issues.

Ultimately, the proposed approach for HRIR
database acquisition can evidently be used to
virtualize spatial audio for headphones playback,
yet it still struggles to deliver accurate represen-
tations of sound scenes, regarding fidelity.
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