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ABSTRACT

The paper gives an overview of a number of tools for the analysis and synthesis of head-related transfer func-
tions (HRTF's) that we have developed in the past four years at the Department of Information Engineering,
University of Padova, Italy. The main objective of our study in this context is the progressive development
of a collection of algorithms for the construction of a totally synthetic personal HRTF set replacing both
cumbersome and tedious individual HRTF measurements and the exploitation of inaccurate non-individual
HRTF sets. Our research methodology is highlighted, along with the multiple possibilities of present and

future research offered by such tools.

1. INTRODUCTION

In recent years spatial sound has become increas-
ingly important in a plethora of application domains.
Spatial rendering of sound is especially recognized to
greatly enhance the effectiveness of auditory human-
computer interfaces [1], particularly in those cases
where the visual interface is limited in extension
and/or resolution (as in mobile applications [2]).
Furthermore, it aids improving the sense of pres-
ence in augmented /virtual reality systems and adds
engagement to computer games. Winking to these
ever-growing application domains, headphone-based
reproduction systems driven by head tracking de-
vices — if properly designed — allow tailoring immer-

sive and realistic auditory scenes to any user without
the need of expensive and cumbersome loudspeaker-
based systems.

This paper gives a brief overview of a number of
tools for the analysis and synthesis of head-related
transfer functions (HRTFs, i.e. the frequency- and
location-dependent acoustic transfer functions be-
tween the sound source and the eardrum of a lis-
tener [3]) we have developed, highlighting in particu-
lar our research methodology along with the diverse
possibilities of present and future research offered
by the mentioned tools. The main objective of our
study in this context is the progressive development
of a collection of algorithms for the construction of a
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totally synthetic HRTF set suitable for real-time ren-
dering of custom spatial audio, taking the listener’s
anthropometric parameters as the sole input to the
audio chain. Our modeling philosophy is the child
of the structural approach by Brown and Duda [4]:
the total contribution of the listener’s body to the
HRTF is split into smaller blocks or modules, and
each module contains a measured, reconstructed or
synthetic response, as will be made clearer through-
out the paper. Our approach differentiates from re-
cent trends in HRTF customization because no self-
tuning of parameters or selection of responses from
databases will be required in principle by the lis-
tener.

After the short picture of past and current research
on HRTF-related issues given in Section 2, Section 3
will introduce the currently adopted framework for
HRTF rendering and customization, including all of
the hardware and software tools at our disposal. Sec-
tion 4 will then discuss in more detail the structural
modus operandi, with a focus on the multiple cur-
rent and future research directions made possible by
the available tools (further expanded in the conclu-
sive Section 5).

2. BACKGROUND

In order to enable authentic auditory experiences,
the correct sound pressure level (SPL) due to one or
more acoustic sources positioned in a virtual space
shall be reproduced at the eardrums of a listener
by the pair of headphones. In the literature, sound
transmission from the headphone to the eardrum
is often represented through an analogue circuit
model [5], reported in Fig. 1. With reference to such
model, the current aim of our research is the correct
reproduction of the sound pressure Ps at the en-
trance of the blocked ear canal of the listener due to
a sound source placed around him/her, even though
nothing prevents a future extension of these studies
to circuit points nearer to the eardrum impedence as
soon as proper tools are available (e.g., HRTF mea-
surements at the eardrum, ear canal models, etc.).

The classical solution that best approximates ide-
ality involves the use of individual HRTFs mea-
sured on the listener himself/herself. By convolv-
ing a desired monophonic sound signal with a pair
of personal head-related impulse responses (HRIRs),
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Fig. 1: Circuit model of sound transmission from
the headphone to the eardrum (after [5]).

one per ear, adequately compensated for headphone-
induced spectral coloration', one can reach almost
the same localization accuracy as in free-field lis-
tening conditions [8], especially when head mo-
tion and/or artificial reverberation [9] are consid-
ered [10, 11].

Unfortunately, obtaining personal HRTF data for
a vast number of users is simply unpracticable be-
cause specific hardware, anechoic spaces, and long
collection times are strictly required [4]. This is
the main reason why non-individual HRTF's, usu-
ally measured on anthropomorphic mannequins [12],
are often preferred in practice. The drawback
with non-individual HRTFs is that such peculiar
transfer functions likely never match with the lis-
tener’s unique anthropometry, and especially his/her
outer ear [13], resulting in frequent localization er-
rors such as front/back reversals [14], elevation an-
gle misperception [15], and inside-the-head localiza-
tion [16, 17].

Consequently, computational models of HRTFs pa-
rameterized on the anthropometry of the listener or
tunable by the listener himself/herself have surfaced

1Headphones, when used for the reproduction of binau-
ral signals, have to be equalized if high localization accu-
racy is needed. Unfortunately, the transfer function between
headphone and eardrum heavily varies from person to person
and with small displacements of the headphone itself. Such
variation is particularly marked in the high-frequency range
where important elevation cues generally lie. Thus, an inac-
curate compensation likely leads to spectral colorations that
affect both source elevation perception and sound externaliza-
tion [6]. Although various techniques have been proposed in
order to face such a delicate issue (see [7] for a review), mod-
eling the correct equalization filter is still a hot open research
theme.

AES 134t Convention, Rome, Italy, 2013 May 4-7
Page 2 of 10



Geronazzo et al.

A modular framework for the analysis and synthesis of HRTFs

yinj,

x[n]

ylnj,,

Fig. 2: A generic structural HRTF model.

in the past two decades. According to Brown and
Duda [4], these models can be classified in three
groups:

1. pole/zero models: filter design, system identifi-
cation, and neural network techniques are ap-
plied in order to fit multiparameter models to
experimental data (e.g. [18)]);

2. series expansions based e.g. on principal com-
ponent analysis (PCA) [19] or surface spherical
harmonics (SSH) [20] applied to collections of
HRIRs or HRTFs;

3. structural models: the contributions of the lis-
tener’s head, pinnae, shoulders and torso to the
HRTF are isolated and arranged in different fil-
ter structures each accounting for some well-
defined physical phenomenon, as Fig. 2 roughly
sketches. The linearity of these contributions
allows reconstruction of the global HRTF from
a proper combination of all the considered ef-
fects [21].

Although recent trends in HRTF customization
mainly have focused on series expansions with
self-tuning of weights [22, 23] or simply non-
individualized HRTF selection [24, 25, 26], struc-
tural HRTF modeling remains the most attractive
alternative from both the viewpoints of computa-
tional efficiency and physical meaning: parameters
of the rendering blocks sketched in Fig. 2 can be
estimated from real data, fitted to low-order filter
structures, and finally related to meaningful anthro-
pometric measurements. Our methodology follows
the structural modeling approach, subtly general-
ized such as to allow for the inclusion of measured
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Fig. 3: UML-like representation of the research
framework structure.

or extrapolated data in one or more of its compo-
nents. For instance, one would desire to combine a
filter model of the pinna with the measured HRTF
of a generic pinnaless mannequin, or to feed a post-
processed HRTF including the response of the pinna
alone (pinna-related transfer function, PRTF [27])
into a filter snowman model [28]. We will refer to
this approach as mixed structural modeling through-
out the remainder of this paper.

3. THE FRAMEWORK

The first logical distinction among the fundamen-
tal components of the presented framework regards
the file system level. The database folder acts as the
main data container, while all of the algorithms that
extract relevant features in the available data are
stored in the analysis folder. The synthesis folder
contains the tools for spatial audio rendering de-
signed and developed with an eye to real-time con-
straints. Finally, the experimental tools for subjec-
tive evaluation of models and the related data are
organized in the evaluation folder. The UML-like
diagram in Fig. 3 depicts all the components build-
ing the framework.

3.1. HRIR and HpIR Databases

The included data is under the form of several sets
of head-related impulse responses (HRIRs) recorded
for a high number of subjects in different spatial lo-
cations, and sets of headphone impulse responses
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(HpIRs) for the characterization of different head-
phone models used for compensation in the repro-
duction process. Beside the full-body HRIR repos-
itory, a similar container includes the partial head-
related impulse responses (pHRIRs) recorded by iso-
lating specific body parts (e.g. pinna-related im-
pulse responses (PRIRs) measured on the isolated
pinna, or impulse responses measured on a pinna-
less mannequin) or resulting from the decomposition
carried on by the algorithms we will mention in the
next subsection.

There exists a number of publicly available HRIR
databases, the most notables of which are the CIPIC
HRTF database [29] 2 and the LISTEN HRIR
database [30] 3. The main differences among these
and other databases concern the type of stimulus
used, the spatial grid of the measured HRIRs, and
the microphone configuration (blocked- or open-ear-
canal, distance from the eardrum, etc.).

An attempt to unify such variability resulted in
the MARL-NYU data format [31], into which the
CIPIC, LISTEN, FIU [32] 4 and KEMAR MIT [33] ®
databases were stored and organized. Our contribu-
tion to the standardization process begun in [31] lies
in the introduction of some missing relevant data:

1. the raw HRIR data beside the already available
compensated version;

2. the labeling of each HRIR’s onset sample;

3. the management of heterogeneous spatial grids.

The general database organization was also applied
to the Aalto [34] 6, ARI 7, and PKU&IOA [35] 8
HRTF databases, and to the Aalto PRTF
database [36] © which collects pinna-related im-
pulse responses in the mid-sagittal plane as pHRIRs.
More details about the organization of the HRIR,
pHRIR, and HpIR repositories can be found in [37].

2http:/ /interface.cipic.ucdavis.edu/
3http://recherche.ircam.fr/equipes/salles/listen/
4http://dsp.eng.fiv.edu/HRTFDB/main.htm
Shttp://sound.media.mit.edu/resources/KEMAR.html
Shttp://www.acoustics.hut.fi/go/aes133-hrtf/
Thttp://www.kfs.oeaw.ac.at

8http://www.cis.pku.edu.cn/auditory/Staff/Dr.Qu.files/Qu-

HRTF-Database.html
9http://www.dei.unipd.it/~spagnols/PRTF_db.zip

3.2. Signal Analysis Tools

The analysis folder contains all the Matlab scripts
and data structures exploitable for HRTF analy-
sis. Our typical work flow follows an analysis-by-
synthesis paradigm where the step-by-step model-
ing of salient features plays a significant role in the
analysis of the acoustic signal. A notable instance
of such paradigm is represented by the PRTF sepa-
ration algorithm [38], which iteratively extrapolates
the reflective component of a PRTF while keeping
its resonant structure intact by direct subtraction of
multi-notch filter structures. A similar algorithm,
used in [39], separates the near- and far-field contri-
butions of a rigid sphere approximating the head, al-
lowing to model the two contributions independently
through different filter structures.

Other kinds of algorithms represent the “bound-
aries” of such methodology. For instance, an im-
age processing algorithm that extracts the relevant
anthropometric parameters from a picture of the
pinna [40] is currently being developed. A script
for PCA modeling of HRTF data that helps un-
derstanding the degree of variability of the transfer
functions with respect to specific features is avail-
able [41]. Last but not least, headphone equaliza-
tion algorithms implementing various inverse filter-
ing techniques are included.

3.3. Synthesized Audio Rendering

The audio engine, stored in the synthesis folder, in-
cludes four modules organized in separate subfold-
ers:

e model: real-time realizations of the synthetic
structural components;

e components: collection of tools that perform
real-time convolutions between audio files and

HRIRs/pHRIRs;

e headphones: management tool for headphone
compensation filters;

e extra: utility bundle for I/O operations, sensors
and basic binaural processing tools.

Various combinations of one or more instances for
each module are possible in order to realize a can-
didate version of the 3D audio engine. All instances
are implemented in Pure Data '°, a graphical pro-

Ohttp:/ /puredata.info/
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gramming environment for audio processing, in the
form of C/C++ externals. All the tentative proto-
types are catalogued in a further folder (the render-
ing folder), each accompanied by a descriptor file
including the list of the modules used in that in-
stance.

The intrinsic modularity of our approach leads us to
the implementation of one structural filter block for
each relevant body part:

e a pinna filter realization that acts as a syn-
thetic PRTF, consisting of a peak and notch
filter structure [42, 43] where each filter is fed
by three parameters (peak/notch central fre-
quency, bandwidth, and gain) each stored in a
configuration file indexed by the current eleva-
tion angle;

e a spherical model of the head taking into ac-
count the far-field and near-field scattering ef-
fects around its rigid body. The parametriza-
tion is made onto the sphere radius selected as
a weighed combination of the listener’s head di-
mensions [44] and the near-field contribution is
reduced down to a first-order shelving filter [39];

e a spherical torso approximation (as in the snow-
man model [28]) that models elevation cues at
low frequencies.

An expanded mention goes to the contents of the
extra folder, into which a collection of third-party
utility tools is kept updated and integrated in our
prototyping environment mainly developed in Mat-
lab, Pure Data and C/C++ libraries. A basic exter-
nal for the rendering process is CW_binaural~ [45]
that implements real-time convolution of sound in-
puts with selected HRIRs. It has the peculiar fea-
ture of being able to load an arbitrary discrete set
of HRIRs in .wav format and realize different kinds
of interpolations between adjacent spatial positions.
This tool is at the basis of our dynamic 3D audio
rendering system, where the successful transposition
of dynamic sources into a virtual world not only de-
pends on the accuracy of the interpolation scheme
but is also heavily conditioned by the quality of the
motion tracking system. In decreasing order of de-
gree of immersion, a PhaseSpace Impulse MoCap
system, a head-pose estimation system via webcam
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Fig. 5: A high-level technical description of a typi-
cal experimental scenario.

with the face API software library, and a Trivisio Col-
ibri wireless inertial motion tracker mounted on top
of a pair of headphones are already integrated in our
environment,.

3.4. Experimental Environment

An environment for subjective localization tests is
stored in the evaluation folder. A GUI in Matlab
offers the main environment for the playback and
judgment of the HRTF data and models to be eval-
uated, reported in the screenshot of Fig. 4. The
subject listens to the sound stimulus, interactively
selects the perceived sound location and/or other
properties, and switches to the next sound stimulus.

AES 134t Convention, Rome, Italy, 2013 May 4-7
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Fig. 6: Typical research workflow towards a complete structural model.

The data exchange between the Matlab environment
and the audio engine is granted by the OSC (Open
Sound Control) protocol, running on top of UDP.
Fig. 5 reports a technical description of a typical ex-
periment, where a pnet library and the dumpOSC
external are responsible for communication on the
Matlab side and on the Pure Data side respectively.

The basic features for the experimenter such as sub-
ject and session management are also available. Sub-
jects’ records and their personal information can be
manipulated on demand. Each experimental session
is stored in an independent file labeled by a ses-
sion number id. The task_info struct contains the
descriptive information of the task and the times-
tamps for each trial conducted within the session.
The latter field operates as a primary key to read
and understand the experimental data stored in a
table specifically designed for the purpose of the ex-
periment. Common statistical analysis softwares can
directly import the already organized data.

4. MODUS OPERANDI

The research process aims to build a completely
customizable structural model through subsequent
refinements, starting from a selection of recorded
HRIRs to a totally synthetic filter model. The in-
termediate steps are balanced mixtures of selected
pHRIRs and synthetic structural components.

A candidate mixed structural model is described
by a set of parameters and components; the eval-
uation step guides the exclusion of certain com-
binations of such components. The obtained
3D audio engine shall maximize the efficiency-to-

parametrization rate: this means that synthetic sub-
models with a high customization degree but poor
localization performance compel us to conceive a dif-
ferent or modified submodel. In such a case, a pre-
vious version of that submodel, whether it be syn-
thetic, directly recorded or extracted by analysis, re-
mains the best option for the component’s acoustic
contribution up to that point. As soon as the par-
tial selection process reaches its maximum, we will
have the optimal solution for our complete structural
model. We now describe in more detail our typical
research workflow, referring to Fig. 6 throughout the
whole section.

4.1. HRTF Selection

The simplest HRTF selection possible is realized by
choosing the same set of HRTFs for all of the listen-
ers. Whether it be the best available localizer or a
mannequin with mean anatomical features, no pre-
diction can be made on the localization performance
of a specific listener. An insight knowledge of the re-
lation between localization cues and anthropometric
features can guide the selection process as in [46].
If measurements of pinna dimensions for each sub-
ject in the considered HRTF database are available,
a simple “best match” with directly measured pinna
dimensions of a common listener can be exploited.
Eq. 1 shows a possible distance function on the left
pinna applied to the CIPIC HRTF database:

s= min (di +db +di —p), (1)
where N is the number of subjects in the database,
dy, is the vector associated to the k-th anthropomet-
ric feature of the pinna, i.e. cavum concha height

AES 134t Convention, Rome, Italy, 2013 May 4-7
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(d1), cymba concha height (d3) and fossa height (d4)
respectively, and p! is the distance from the superior
internal helix border to the intertragic incisure of the
[-th listener. At the end of this procedure the s-th
subject is declared the best-matching elevation local-
izer for listener [ and this correspondence is saved in
the experimental environment.

4.2. Structural HRTF Selection & Modeling

The keen observer shall criticize the restriction of the
latter selection procedure to the sole contribution
of the pinna. Of course, there exists no guarantee
for the accuracy in azimuth localization. However,
the former procedure can be applied to the Aalto
PRTF database or alternatively to a collection of
mid-sagittal PRTFs extracted in the analysis step.
On the other side, the selection of a best matching
contribution from the head by means of recorded
impulse responses (such as the pinnaless KEMAR
HRIRs) or of extracted ITD (interaural time differ-
ence) / ILD (interaural level difference) information
may adopt the same principle. Such an alternative
leads to a finer selection of each structural compo-
nent and is at the base of the progression of our
mixed structural modeling approach.

HRTF sets resulting from further refinements of
selection criteria should now be compared to our
candidate synthetic filter models, the parameters
of which are strictly related to the anthropometric
quantities used for HRTF selection. The simplest
example is the spherical model optimization in [44]
where the sphere radius is customized through an
empirical equation derived from ITD measurements
of a population of 25 subjects. Eq. 2 reports the
weighted sum of head dimensions used to calculate
the optimal sphere radius while Eq. 3 represents a
trivial ITD selection.

Gopt = W1 X1 + woeXo + w3 X3, (2)
. i 1
§= Z:H111HN a’lopt — Qopt> (3)

where X; is head half-width, X, head half-height
and X3 head half-length, w; is the j-th weight, aépt
is the optimal sphere radius for the i-th database
subject and alopt is the optimal sphere radius of the
[-th listener. At the end of this procedure we obtain
two alternatives to test and compare: a parameter-
ized spherical filter model and a selected set of real
ITDs.

Restricting our attention to the cited structural com-
ponents (head and pinna), 3 x 3 instances of mixed
structural models already arise from the combina-
tion of the following alternatives:

e pinna structural block: measured KEMAR
PRTFs, Aalto PRTF database selection, selec-
tion of extracted PRTF's from HRTF databases;

e head structural block: measured pinnaless KE-
MAR HRTFs, selection of extracted ITDs, pa-
rameterized spherical filter model.

4.3. Evaluation

The candidate models are subjected to three com-
plementary evaluations:

e objective evaluation: signal-related error
metrics such as spectral distortion and spectral
cross-correlation;

e auditory model evaluation: auditory filter-
banks and statistical prediction models [47];

e subjective evaluation: listening tests of lo-
calization and realism.

The space of possible structural model instances
is reduced by a two-stage evaluation procedure,
made by a single-component and a full-model eval-
uation. The single-component evaluation focuses on
the minimization of the error E,,,q4c; in Fig. 6, de-
fined as the mean localization error of the best syn-
thetic version available. A dimensionally reduced lo-
calization space (e.g. mid-sagittal plane data only)
supports this early stage. The full-model evalua-
tion takes the best representative solutions for each
structural component in order to test the combined
effects and the orthogonality of the models within
full-space 3D virtual scenes. The minimization of
Fpiz, defined as the mean localization error of the
mixed structural model, leads the mixing process.

5. DISCUSSION AND PERSPECTIVES

The research framework presented in this paper an-
swers both the requirements of structural modular-
ity and systematic HRTF model evaluation. A well-
defined modus operandi with the aim of designing
new synthetic filter models and HRIR/pHRIR se-
lection processes is expected to progressively set the

AES 134t Convention, Rome, Italy, 2013 May 4-7
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bar closer and closer to a complete structural HRTF
model. The modular approach can be also extended
to a multimodal domain where the integration of a
3D audio rendering engine with other sensory modal-
ities such as video and haptics (e.g. Phantom de-
vices) requires an evaluation in terms of integration,
cross-augmentation and/or sensory substitution. A
possible technical solution is the X3D ISO standard
XML-based file format for representing 3D virtual
environments and H3DAPI ! as the handler for uni-
fied graphic and haptic scene graphs.

Some possible future directions that well represent
further improvements and developments of new tools
for such work methodology are now listed:

e the definition of a standardized format for an-
thropometric features (possibly borrowed from
biometric researches) so as to integrate this in-
formation in the HRTF database;

e a study of the acoustic contribution of the pinna
outside the mid-sagittal plane, that requires
a more complex analysis than that performed
in [38];

e the introduction of an ear canal model to ap-
proximate the correct P; (see Fig. 1) at the
eardrum along with a possible formalization of
a structural HpIR model;

e the manipulation of reliable and complex au-
ditory models so as to facilitate a systematic
exclusion procedure of HRIR/pHRIR distance
functions and parameters of the synthetic mod-
els’ components;

e the extension of the mixed structural model
by the inclusion of computer-simulated
HRIRs/pHRIRs calculated from mesh models
of human heads [48], spatially discretized so as
to be included in our unified database.
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