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Head-related transfer functions (HRTFs) were acoustically measured and numerically simulated for the FABIAN head and torso simulator on a full-spherical and high resolution sampling
grid. Moreover, HRTFs were acquired for 11 horizontal head-above-torso orientations, cover◦
ing the typical range of motion of ±50 , making it possible to account for head movements
of the listeners in dynamic binaural auralizations in a physically correct manner. In lack of an
external reference for HRTFs, measured and simulated data sets were cross-validated by applying auditory models for localization performance and spectral coloration and by correlation
analyses. The results indicate a high degree of similarity between the two data sets regarding
all tested aspects, thus suggesting that they are free of systematic errors. The HRTF database
is publicly available from https://doi.org/10.14279/depositonce-5718.2 and is accompanied by
a wide range of headphone filters for use in binaural synthesis.

1 INTRODUCTION
Head-related transfer functions (HRTFs) capture the free
field sound transmission from a sound source to the listeners
ears. They incorporate all cues for sound localization such
as interaural time and level differences (ITD, ILD) and
spectral cues that originate from scattering, diffraction, and
reflection on the human pinnae, head, and body [1]. Using
binaural synthesis and room acoustic simulation [2], HRTFs
can thus be used to simulate spatial hearing, and open up
a wide range of virtual auditory display applications such
as guiding systems [3], game and mobile sound [4], or
room acoustic design [5], and acoustic recreation of historic
spaces [6].
Algazi et al. [7] showed that the torso effects the HRTF
by means of reflecting or shadowing sound waves travelling toward the listeners’ ears. The reflection is strongest
if source, shoulder, and ear are approximately aligned, and
superimposes a comb filter to the HRTF with a magnitude
of up to ±5 dB. The first comb filter maxima occurs at
approximately 700 Hz for sources at high elevations, and
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gradually increases in frequency with decreasing elevation.
Shadowing occurs for sources well below the horizontal
plane and causes a high frequency damping of up to 25
dB that increases with decreasing sound source elevation.
Perceptual investigations revealed that the cues induced by
the torso and head are relevant for localizing the elevation
of sources away from the sagittal median plane when pinna
cues are absent [7]. Moreover, differences between headabove-torso orientations (HATOs) can be audible even for
HRTFs that exhibit only weak torso effects [8]. Although
the broadband interaural time and level differences (ITD,
ILD) remain mainly unaffected by the HATO, it might be
assumed that the HATO affects the ITD fine structure. This
is known to be the case for the head and was assumed to
provide additional elevation cues and to help resolve frontback confusion [9]. Besides the influence of the torso on
localization and timbre, dynamic HRTF cues related to head
movements and HATO also affect other aspects of spatial
hearing. It was, for instance, observed that listeners naturally move their heads without moving the torso when judging perceptual sound field qualities such as source width, or
841
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◦

Fig. 1 (A) Spherical sampling grid. Grey points show source positions below –64 . (B) Two arc source positioning system with FABIAN
set up in its geometrical center. (C) 3D model of FABIAN. Light gray areas were manually inserted in post-processing. (D) Detail of the
fine 3D surface mesh used for numerical simulation. Shaded area marks the microphone position.

envelopment [10], and that head movements help to resolve
front-back confusion and source elevation [11].
Nevertheless, currently available public HRTF sets—for
an overview see [12]—were either measured for a fixed
HATO or for dummy heads without torso. In the present
study, we thus acquired HRTFs for multiple HATOs using
acoustic measurements and numeric simulations as outlined
in Sec. 2. In lack of an external reference for HRTFs, Sec.
3 details a cross-validation procedure that covers temporal and spectral aspects, as well as modeled localization
performance. Please note that the current publication outdates the preliminary post-processing of the acoustic measurements [13] and extends the initial corss-validation [14]
to all HATOs and localization performance. Last, Sec. 4
describes the publicly available HRTF database.
2 HRTF ACQUISITION
HRTFs of the FABIAN head and torso simulator [15]
were acquired for 11,950 source positions with a dense
◦
◦
spatial resolution (2 in elevation; 2 great circle distance
in azimuth, cf., Fig. 1A) that makes it suitable for a high
order spherical harmonic representation. Moreover, these
high resolution data sets were obtained individually for 11
HATOs that covered the typical range of head rotation of
◦
◦
±50 to the left and right [16], and with a resolution of 10
allowing for their perceptually transparent interpolation [8].
2.1 Acoustic Measurements
Measurements were conducted in the anechoic chamber of the Carl von Ossietzky University Oldenburg
(V = 238 m3 , cut-off frequency 50 Hz). To allow for
subsequent HRTF identification, sine sweeps with a length
of 216 samples were recorded with DPA 4060 microphones
at the entrances to FABIAN’s blocked ear canals (recorded
HRTF), and at the position of the interaural center in
the absence of FABIAN (reference). HRTFs were then
derived by spectral division of the recorded HRTFs and
the reference, yielding a signal to noise ratio (SNR) of
80 dB for ipsilateral and 55 dB for contralateral sources
after averaging across four measurements. The sweep
was designed in the frequency domain between 100 Hz
842

7.3 kHz
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Fig. 2 Directivity of one speaker from the TASP projected onto
FABIAN by means of the –3 dB main lobe at 7.3 kHz and 20 kHz.
Dashed crosses mark the position of the interaural center.

and 20 kHz based on the group delay [17]. For achieving
an almost frequency independent SNR, the energy of
the sweep was set to be proportional to the background
noise. The bandwidth was restricted according to the lower
cut-off frequency of the loudspeakers used for measuring
(Manger MSW bending-wave sound transducer in a
custom made cubic closed box). AKtools [18] were used
for sweep synthesis and deconvolution, as well as audio
playback, and recording at a sampling rate of 44.1 kHz.
The two-arc-source-positioning system (TASP [19]),
consisting of opposing semicircular arcs with a radius of
1.7 m, was used for positioning the sources with a precision
◦
of 0.1 . The two arcs could be rotated horizontally and were
each equipped with a Manger MSW bending-wave sound
transducer on vertically movable mounts (cf., Fig. 1B).
Due to mechanical restrictions, HRTFs could not be ob◦
tained for elevations below −64 . Before the measurements,
FABIAN’s interaural center was carefully aligned to the geometrical center of the TASP using a self-leveling Bosch
PCL10 cross-line laser with the frontal viewing direction
being defined by a laser pointer attached to FABIAN’s neck
joint.
Before measuring HRTFs for one HATO, 5.000 warmups of the sweep signal were played back through each
loudspeaker to reduce their time variability from ±4 dB to
±1 dB. Nevertheless, a comparison of HRTFs for different
HATOs showed differences of up to 2.5 dB within narrow
frequency bands centered around approximately 0.5 and
2 kHz, that were consistent across source positions. These
J. Audio Eng. Soc., Vol. 65, No. 10, 2017 October
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liest peak in the head-related impulse responses (HRIRs).
To discard reflections from opposing loudspeakers, HRIRs
were truncated to 256 samples (5.8 ms). Finally, 10 (20)
samples squared sine fade-ins (fade-outs) were applied.
To obtain an estimate of the mechanical reliability of the
TASP, four ever identical HRTFs—neutral head orientation,
sources to the front, back, left and righ—were measured before and after acquiring a set of HRTFs. Deviations in the
HRTFs magnitude spectra within and between sets were
generally below ±1.5 dB, but increased to ±10 dB at the
contralateral ear, and in the vicinity of notches. This, however, is well comparable to previous dummy head HRTF
measurements [21], while slightly larger variability was
observed for human subjects [22].

Fig. 3 Comparison of left ear median plane HRIRs (top), and
◦
◦
◦
HRTFs (bottom) for neutral HATO. Elevations of 0 , 90 , and 180
denote sources to the front, above, and in the back of FABIAN.

variations were attributed to long term changes in the loudspeakers’ frequency responses caused by loudspeaker aging
and are visible in Fig. 3 (bottom, left) by means of a hori◦
◦
zontal line at 2 kHz for elevations between 14 , and 166 .
The variations at 0.5 kHz are less distinct and not visible
in Fig. 3. Although this frequency range is also affected by
the comb-filter caused by the shoulder reflection (U-shaped
arches in Fig. 3, bottom), the bandwidth of the observed artifacts is too narrow to be attributed to this effect.
By obtaining HRTFs through spectral division (deconvolution), the on-axis frequency response of the microphones, speakers, amplifiers, and converters cancels out,
but the speakers directivity remains uncompensated. However, directivity measurements of the Manger transducers
showed that FABIAN’s shoulders and torso were within
the –3 dB main lobe up to about 7 kHz. Consequently,
the speakers directivities should be of negligible influence,
because above 3–4 kHz, HRTFs are mainly influenced by
the head and pinnae [7], which were within the main lobe
up to 20 kHz (cf., Fig. 2). The directivities were initially
measured on 5 x 5 equal angle sampling grid and were comparable across speakers. However, the oval shape at high
frequencies, which might be caused by the custom box
design, was less pronounced for the second speaker. The
main lobe widths were estimated in the spatially continuous spherical harmonics domain after applying a spherical
harmonics transform of order 25 [20].
Prior to deconvolution, a circular shift of 28 samples was
applied to the recorded HRTFs to maintain causality and
to ensure approximately 20 leading samples before the earJ. Audio Eng. Soc., Vol. 65, No. 10, 2017 October

2.2 Numeric Simulations
Numeric HRTF simulation was done by means of the
boundary element method (BEM) that requires a 3D surface mesh representation of FABIAN. This was generated
in the following way: an initial point cloud representation was measured with a GOM ATOS I structured light
scanner. A resolution of approximately 1 /100 mm for the
head and pinnae, and 1 /10 mm for the torso was achieved
by automatic alignment of overlapping scans, relying on
manually inserted reference points and conducted with the
surface matching algorithm of ATOS Professional. A nonuniform rational basis spline (NURBS) representation was
built from the point cloud using Geomagix Studio 12. Subsequently, Rhino 4 was used to (I) design a cylindrical neck
with a seamless transition between head and torso, (II) to
extend the torso bottom to its original size, (III) close screw
holes in the arms, and (IV) connect the separate arm scans
to the torso (cf., Fig. 1C). At last, Virtual.Lab Acoustics
13.1 was used for mesh generation and calculating complex HRTF spectra at frequencies between 100 Hz and 22
kHz (100 Hz resolution). For acceleration, different triangular meshes were generated: a coarse mesh with edge
lengths of 2 mm (pinnae), and 10 mm (head and torso) was
used for simulations up to 6 kHz, and a fine mesh with
edge lengths of 2 mm (pinnae and head), and 5 mm (torso)
was used for the fast multipole method (FMM) BEM above
2 kHz (cf., Fig. 1D). The chosen edge lengths fulfil the
typical requirement of six elements per wavelength [23],
and it was shown that a resolution of 1–2 mm sufficiently
captures the details of the pinna geometry [24]. The overlapping region between 2 kHz and 6 kHz was used to verify
that both simulations yielded identical results. Constant velocity boundary conditions were imposed to the mesh elements corresponding to the microphone at the entrances to
the blocked ear canals. Otherwise, the mesh was assumed
to be acoustically rigid. While this simplified assumption
appears to be valid for human skin [25], it does not strictly
hold for FABIAN’s neck, which consists of a metal neck
joint covered by a leather fabric, and was for simplicity
modeled by a cylindrical shape that was smoothly extended
towards the head and torso. Because the fabric of FABIAN’s
t-shirt with a thickness of less than 1 mm does not compare
to existing experimental results for the effect of cloth in
843
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HRTF [26, 27], it was also assumed to be rigid. Moreover,
FABIAN’s stand, which was wrapped in absorbing material
during the acoustic measurements was not modeled due to
computational restrictions.
As with the acoustic measurements, HRTFs were calculated by spectral division of the result at the sampling grid
points by the analytical solution of a point source with the
same volume velocity placed in the center of the coordinate
system; the frequency bin at 0 Hz was set to 0 dB. HRIRs
with a length of 441 samples and 44.1 kHz sampling rate
were obtained by inverse Fourier transform after mirroring
the single sided spectra. Finally, the simulated HRIRs were
windowed in the same way as their measured counterparts.
3 CROSS-VALIDATION
A visual comparison of measured and simulated HRTFs
showed a good agreement (cf., Fig. 3). In lack of an external reference for HRTFs, cross-validation between measured and simulated data was already suggested by Turku
et al. [28], who perceptually tested differences in localization and preference. Moreover, Jin et al. [29] assessed
differences in head radii and spatial correlation, however,
without providing evidence for the perceptual relevance of
the suggested measures. In the current study, we physically
conducted the cross-validation by comparing the temporal
and spectral structure as well as the modeled median plane
localization performance.
3.1 Temporal Structure
In theory, the time of arrival (TOA), i.e., the onset in the
HRIRs, should be identical across measured and simulated
data sets. However, average (and maximum) differences of
τ = 1.2 (τ = 4) samples (27 μs and 91 μs) were observed
between the two conditions, which equals a displacement of
◦
◦
9 mm (31 mm), or 0.3 (1 ) (c = 339 m/s according to the
◦
average temperature during the measurements of 11.4 C
and the TASP radius of 1.7 m). Because the geometrical
alignment of FABIAN was assumed to be close to perfect for the simulated HRIRs, differences in TOA can be
caused by temperature fluctuations and positioning inaccuracy during the acoustic measurements. The latter was
supported by an analysis of τ across source positions, revealing slight discontinuities of up to about three samples
(not shown here) that were attributed to the start and end
points of the TASP rotation and the transition between the
two loudspeakers. Moreover, observed temperature fluctu◦
ations during the measurements of 3.1 C could induce an
error of up to 1.2 samples (27 μs). The results of the TOA
analysis suggest a high reliability of the setup and that
there should be no audible differences between measured
and modeled HRIRs caused by mechanical inaccuracy or
temperature fluctuation.
Nevertheless, the simulated data were used for correcting
the TOA of the measured HRIRs because time alignment
was a prerequisite for the processing steps described in the
next section. Alignment was done using fractional delays
[30] (Kaiser windowed sinc filters of order 70, 60 dB side
844
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lobe attenuation), with negligible magnitude and group delay distortions (<0.1 dB; <0.01 samples, ∀f < 20 kHz). As a
result, the average cross-correlations between pairs of measured and simulated HRIRs increased from 0.51 to 0.93.
Notably, the cross-correlation varied across HATO before
the alignment (standard deviation σ = 0.35), showing the
influence of the experimental setup but was almost constant afterward (σ = 0.05). The fractional delaying induced
changes in the broad band interaural time difference (ITD)
of up to 66 μs for lateral sources (cf., Fig. 4A). This, however, is below average discrimination thresholds for broad
band noise reported by Mossop and Culling [31] and was
thus assumed to be perceptually irrelevant.
Besides differences in TOAs, simulated HRIRs exhibit
more pre-ringing (cf., Fig. 3, top right). Pre-ringing inevitably occurs in band limited digital signals if the TOA
does not coincide with a sampling point of the impulse
response. The fact that it is higher for the simulated data,
implies that HRIRs are less damped, which might be a
consequence of assuming rigid boundary conditions during
numeric simulation.
3.2 Spectral Structure
Differences between measured and simulated HRTF
magnitude spectra were analyzed in 40 auditory filter bands

C( f, f c ) |HRTFmeasured ( f )|2 d f
,
G( f c ) = 10log 
C( f, f c ) |HRTFsimulated ( f )|2 d f
where C(f, fc ) are filters from the auditory modeling toolbox
[32] with center frequency fc , and 50 Hz ≤ f, fc ≤ 20 kHz.
Results averaged across source positions and HATOs are
shown as black lines in Fig. 4B. Deviations below 200 Hz,
where the level of the measured HRTFs is systematically
lower, can be attributed to the band limited frequency response of the loudspeakers. Above 200 Hz, the median
deviation p50 is smaller than ±1 dB, indicating that both
HRTF data sets are free of systematic errors. Moreover, 90%
of the differences given by the p5, 95 percentile range are below ±2 dB up to approximately 7 kHz, again emphasizing
the very good agreement between measured and simulated
data sets. The large difference between p5, 95 , and p0, 100
in the range of 1–7 kHz indicates that p0, 100 is dominated
by occasional outliers. Higher differences above 7 kHz of
±10 dB and more originate from contralateral source positions where the HRIRs carry less energy, and mismatched
HRTF notches across data sets. They might thus be perceptually less relevant at least for source localization, that
is assumed to be dominated by the ipsilateral ear and the
overall spectral shape across auditory filters [33].
Observed differences at high frequencies are difficult to
correct as they can either be caused by uncertainties in
the measured HRTFs (e.g., positioning errors), or by simplifying assumptions of the BEM simulation (e.g., surface
impedance). However, differences at low frequency can
clearly be attributed to non-ideal loudspeaker characteristics. Given the good fit of measured and simulated HRIRs
at mid frequencies, it seems reasonable to assume that the
simulated data can be used to replace the measured data
J. Audio Eng. Soc., Vol. 65, No. 10, 2017 October
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Fig. 4 Cross-validation of measured and simulated HRTFs: (A) Maximal changes in broad band ITD across HATOs due to fractional
delaying of measured HRIRs. (B) Spectral differences between measured and simulated HRTFs (averaged across source positions and
HATOs) given by selected percentile ranges pi,j in 40 auditory filter bands. Black lines show differences before replacing measured
data, gray lines show differences afterwards. (C) Modeled localization performance by means of polar error (PE) and quadrant error
(QE) for measured (circles), simulated (squares), and measured vs. simulated (crosses) FABIAN HRTFs, accompanied by results for the
ARI database (black boxes), and a dummy head database (white boxes). Horizontal lines show the median, boxes show the interquartile
range, and vertical lines span between the minimum and maximum values.

at low frequencies. Consequently, measured and simulated
HRTF magnitude and unwrapped phase spectra were combined separately using a linear fade between 200 and 500
Hz (gray lines in Fig. 4B). Remaining differences below
200 Hz shown by p0, 100 are smaller than 0.5 dB and are
caused by truncation and windowing.
The simulated data were also used to fill-up the missing
◦
HRTFs below –64 elevation that could not be measured due
to mechanical restrictions. To obtain a smooth transition
between the measured and modeled data, a linear fade was
applied by interpolating magnitude and unwrapped phase
◦
◦
spectra for elevations between –60 to –64 . This caused
a slight discontinuity in the HRIRs (vertical line in Fig. 3,
top, left) but was preferred to spherical harmonics based
extrapolation [34] that resulted in low-passed HRTFs at the
missing positions due to a low truncation order.
3.3 Median Sagittal Plane Localization
The localization performance in the median sagittal plane
was assessed using the probabilistic model of Baumgartner
et al. [33], which compares the spectral structure of a target HRTF set to a set of template HRTFs. Based on this
comparison, it estimates quadrant errors (QE)—specifying
the percentage of front-back/up-down confusion—and polar errors (PE)—specifying the angular rms error between
actual and modeled source positions. Correspondingly, if
target and template HRTFs are identical, the model indirectly assesses the uniqueness of an HRTF within the data
set compared to the remainder, whereas, if passing different HRTF sets, it assesses the similarity between them. To
be comparable to Baumgartner et al., we assumed a median listener sensitivity of Sl = 0.76 and considered only
◦
elevations above −30 .
The within-localization performance averaged across
HATOs shows a very good agreement between data sets:
QEs for simulated HRIRs (squares in Fig. 4C) are only 2%
worse than those of their measured counterparts (circles in
J. Audio Eng. Soc., Vol. 65, No. 10, 2017 October

◦

Fig. 4C), and PEs differ by only 1 . For external validation,
localization performance was also modeled using HRTFs
of all human subjects from the ARI database (solid lines in
Fig. 4C), and all dummy heads (dashed lines in Fig. 4C)
available from [12]. Average localization performance is
better for human subjects than for dummy heads, a fact
that deserves further investigation, however, the estimates
for FABIAN are in excellent agreement with the dummy
head results. Since the localization model relies on spectral structure, this result indicates a general validity of the
FABIAN HRIRs. In addition, the between-localization performance, i.e., passing measured HRTFs as template and
simulated HRTFs as target (crosses in Fig. 4C), is only
marginally worse than the within performance. This supports the hypothesis that large spectral differences given by
p0, 100 in Fig. 4B are perceptually less relevant regarding
localization.
4 DATABASE
The FABIAN head and torso simulator database
is publicly available from https://doi.org/10.14279/
depositonce-5718.2. Measured and simulated head-related
impulse responses (HRIRs) are given in the SOFA format
[35]. They are accompanied by minimum phase common
transfer functions (CTFs) and their inverse. Based on the
assumption of a diffuse sound field, CTFs were computed
by power averaging HRTF magnitude spectra


|H RT Fi ( f )|2 wi ,
CTF( f ) =
i

with frequency f and averaging weights wi . The latter
were computed according to the areas of spherical rectangles
 around each source position in Fig. 1A, normalized
to i wi = 1. The CTFs were calculated separately for
measured and simulated HRTF sets, and averaged across
HATOs.
845
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For convenience, HRTF data sets were transformed
into spherical harmonics (SH) coefficients separately for
each HATO by applying the 35th order discrete spherical harmonics transform (DSHT) to the complex HRTF
spectra [20, eq. (1.9), and (3.34)]. This converts the
spatially discrete HRIR data sets into a continuous representation and reduces the the amount of data by a factor of about 10 (256 real HRIR values × 119050 source
positions vs. 129 frequencies × (35 + 1)2 complex SH
coef.). HRIR interpolation between source positions (in the
SH domain) and HATOs (in the frequency domain [8])
can be done using AKhrirInterpolation from the
AKtools [18].
To foster the use of the database, headphone impulse responses (HpIRs) measured on FABIAN, and corresponsding inverse filters of about 35 models including widespread
Sennheiser HD600, AKG K701, and Beyerdynamic DT770
headphones are part of the database. The filters were calculated by means of the regulated least mean square inversion
[36]. Parametric equalizers (PEQs)—fitted to the notches
in the headphone transfer functions—were used for regularization to avoid an exact inversion in these cases. They
are intended for headphone equalization in binaural synthesis. In this context, the inverse CTFs could be used as a
generic headphone compensation filter considering the diffuse field HRTF to be a common target curve in headphone
development [37]. Additionally, all generated 3D meshes
are included as well as example auralizations of fixed and
moving sources.
5 SUMMARY
An HRTF data set of the FABIAN head-and-torso simulator was generated by measuring and simulating HRTFs
for a high resolution, full spherical sampling grid, and 11
head-above-torso orientations. A detailed cross-validation
showed a very good agreement in terms of temporal and
spectral structure, as well as modeled localization performance. In turn, the simulated HRTFs were used to correct
the time of arrivals and low frequency response in their
measured counterparts. The data set is publicly available
and comprises 11,950 HRIRs for each HATO, corresponding spherical harmonics coefficients, 3D surface meshes,
numerous headphone filters for binaural synthesis, and auralizations of fixed and moving sources for comparing measured and simulated HRIRs [38]. A perceptually transparent interpolation between different HATOs can be done
using AKtools [18]. Future work could evaluate the influence of the head-above-torso orientation on the ITD fine
structure.
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Evaluation of Numerically Simulated Head-Related Transfer Functions,” presented at the 124th Convention of the
Audio Engineering Society (2008 May), convention paper
7489.
[29] C. Jin, P. Guillon, N. Eapain, R. Zolfaghari, A.
van Schaik, A. I. Tew, C. Hetherington, and J. Thorpe,
“Creating the Sidney York Morphological and Acoustic Recordings of Ears Database,” IEEE Trans. on Multimedia, vol. 16, no. 1, pp. 37–46 (2014 Jan.), DOI:
https://doi.org/10.1109/tmm.2013.2282134.
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