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Summary

Head-related transfer functions (HRTFs) are commonly used to simulate sound events from arbitrary directions

in binaural synthesis applications. These HRTFs are usually either measured or simulated with a discrete angular
resolution. Using this data directly has several drawbacks, mainly due to the necessary interpolation between
these discrete sampling points as well as simplifications in the distance dependence of the near-field HRTF. This
paper describes how spherical harmonics (SH) can be used to process HRTF data with the use in real-time capable

auralization environments. During the generation of the SH coefficients, the optimal transformation center point

is used to achieve a compact transformation. Several strategies are introduced to achieve fast filter reconstruction

suitable for real-time auralization.

PACS no. 43.60.Sx, 43.66.Pn

1. Introduction

Human beings have the ability to localize the direction of a
sound source. This is mainly achieved with the recognition
of a combination of different cues from the two ear sig-
nals. The interaural time difference (ITD) and the interau-
ral level difference (ILD) help the localization on the hor-
izontal plane, while sound diffraction from the torso, head
and pinna influence the localization ability in the elevation
[1]. If a localization environment can be described as a lin-
ear time-invariant (LTI) environment, then the influence of
the head in the wave expansion can be represented as a lin-
ear spatial filter called the head-related transfer function
(HRTF) [2].

These HRTF filters can be obtained either by measure-
ment [3, 4, 5, 6] or by numerical simulation [7, 8, 9, 10]
and can be used to render virtual sources using binaural
synthesis. In virtual environments, the ability to create vir-
tual sources in any direction relative to the subject is im-
portant to achieve a natural sound reproduction and helps
with the immersion into the virtual scene. The required
HRTF filters for multiple directions are usually saved in
a discrete set with a sufficient high spatial resolution. The
spatial resolution depends on the just noticeable difference
(jnd) which is determined by listening tests. These tests
usually give jnd values of 1° in the horizontal plane and
frontal direction and a value of 5° in back direction [1, 11].
A more comprehensive overview of HRTF representation

Received 10 June 2013,
accepted 15 April 2014.
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methods is given in [12]. Note that most HRTF represen-
tations with discrete sets have the advantage of very fast
filter generation and will perform better in terms of com-
putational effort needed for the filter generation. The filter
generation time is the time that is needed, before the filter
is loaded and available for further processing. As the data
is saved in the same format as it is used, this time is neg-
ligible. Despite these advantages, the discrete data format
has several downsides that are now discussed in detail.

Between the discrete points no information is avail-
able. To generate a filter between points, an interpolation
method can be applied [13]. This interpolation will re-
sult in a filter that is not a physically correct HRTF repre-
sentation due to smoothing. Depending on the resolution
of measured points, noticeable differences may be heard
[14]. It was also shown in [15, 16] that humans use small
head movements to improve the localization. These move-
ments are not reproducible with discrete HRTF sets. Fur-
thermore, the discretely measured set represents an HRTF
for one specific distance. This distance will most likely
represent the HRTF in the far-field. It was shown that the
distance dependence in the near-field HRTF is important in
near-to-head source imaging [17, 18]. A distance depen-
dent HRTF can be realized with multiple measurements,
which will increase the measurement time and the required
hard disk space [19]. Additionally, further interpolation
between distances is needed.

Contrary to these discrete methods, a representation of
HRTF data sets using continuous models can be used
[20, 21]. In this paper, a representation using spherical
harmonics (SH) is used as introduced in [22]. This rep-
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resentation allows natural reconstruction of the filter for
any desired direction and distance [23]. If sampled on a
sufficient dense spherical grid a physically correct inter-
polation of the HRTF is possible, allowing a spatially con-
tinuous representation of the HRTF. The distance depen-
dence of the near-field HRTF can be artificially extrapo-
lated from one measurement by the use of the wave prop-
agation term for spherical waves [24]. This enables a cor-
rect representation of the HRTF for any source distance
without additional measurement effort.

This approach will introduce more computational com-
plexity into the filter generation compared to the discrete
set. The feasibility and performance of this approach in a
real-time auralization application is studied in this paper
and an efficient implementation is introduced.

This efficiency is achieved in two ways during the two
transformation steps. The optimal selection of the center
point for the transformation can achieve a compact spher-
ical harmonic representation [25] which will lower recon-
struction times. The inverse transformation has to be com-
puted as fast as possible to allow a real-time auralization.
Several methods to reduce the calculation time are de-
scribed.

Dataset

In this paper, two HRTF datasets are used to test and eval-
uate the algorithms. Both sets represent the HRTF of the
ITA artificial head [26]; the first set being a BEM simula-
tion of the head, while the second set stems from a mea-
surement. The simulation is sampled on a Gaussian grid
[27] with order 89 and 16200 points while the measure-
ment is obtained from a system that samples with maxi-
mum order of 47 while neglecting a 30 degree south pole
cap for practical reasons [6, 28]. This results in 3800 mea-
surement points. The missing cap will make regularization
during the transformation necessary [24].

The used reference coordinate system is depicted in Fig-
ure 1.

2. Spherical Harmonic Transformation

Williams [23] states that any square-integrable function on
a sphere g(9, @) can be described as

g0 =) Y amYy® @) (M

n=0 m=—n

with a,, as the spherical harmonic coefficients and
Y (D, @) as the spherical harmonic base functions. Note
that the dependencies on frequency and measurement dis-
tance are omitted to improve readability.

The spherical harmonic base functions are defined as

2n+1(n—m)!
4z (n+ m)!

Y™ = -P"(cosd) - e, (2)

with the order n and the degree m and the associated Leg-
endre function P}’ (cos d). Equation (1) is called the inverse
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Figure 1. Head-related coordinate system.

spherical harmonic transformation (ISHT). The equation
is used to reconstruct filter from the spherical harmonics
domain. The analogue spherical harmonic transformation
(SHT), computes the SH coefficients from the spatial do-
main.

2.1. Spherical Harmonic representation of HRTF
data

In the following, HRTF data sets are regarded as a fre-
quency dependent directivity pattern of a point source in-
side the blocked ear canal using Helmholtz’s reciprocity
principle. Assuming that the filter for each direction have
the same length, each DFT coefficient per available direc-
tion is used to create a directivity pattern for every fre-
quency bin. These directivity patterns can be described as
a spherical function g(f, ro, 0, @) with r¢ as the measure-
ment distance and 9 and ¢ as discrete spherical angular
parameters.

These functions can then be transformed to the SH do-
main with the use of the SHT. The SHT will result in fre-
quency dependent coefficients up to a maximum SH order.
This way, the HRTF data of each ear is compressed from

Rgpatial = Pfreq * Ppoints 3)

values needed for spatial representation to

NSH = Nfreq * (Nfreq + 1)2 “4)

values with a spherical harmonic representation. Here,
Nfreq 1 the number of frequency bins of the filter, npoins
is the number of measurement points and Neq is a fre-
quency dependent spherical harmonic order limit.

To use the HRTF in an auralization application, the filter
have to be reconstructed using the ISHT (see equation 1).
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2.2. Transformation Error

During the SHT and the subsequent ISHT of spatial HRTF
data, several errors may be introduced into the transforma-
tion result. Two of these errors are discussed in the follow-
ing.

The number of the spatial sampling points are deter-
mined by the measurement setup. This limits the cor-
rect SH transformation to signals of maximum order Ng
[23, 25]. For signals, that exceed this maximum transfor-
mation order, aliasing error will be introduced into the re-
sulting SH coefficients [29].

During the HRTF filter reconstruction, a different er-
ror can be introduced. If the calculation is done only to
a maximum order Nz, with N7 < Ng, then the energy
from all SH-order up to the maximum available order Ng
is lost. This error is called truncation error and is defined

as e(d, @) [30]:

N1 n
§0.0) =) Y amYr®. ), (5)
n=0 m=—n
N n
e @)= Y D amYy(®.¢) (6)
n=Nz+1 m=—n
g, ¢) = 20, ¢) +e(d. p), (7)

with g(d, @) as a signal with maximum order N7y < N <
Ns. A truncation of higher SH orders corresponds to a
spatial lowpass filter as it smoothes spatial details.

2.3. Distance Transformation

The range extrapolation allows the correct representation
of the HRTF on any desired distance from data corre-
sponding to only one distance.

The SH-coefficients a,, in equation (1) can be sub-
divided into a pure frequency dependent component b,
multiplied with a term of the outgoing Hankel function
(see equation 8) [31]. According to the sign convention,
the outgoing Hankel function is of second kind hi,z)(kr)
[31],

Qum(r, k) = bum(K)RS (kr). (8)

The combination of equations (1) and (8) allows a com-
plete isolation of the distance dependence of the HRTF
in the Hankel function term. During the reconstruction of
HRTF filter from SH coefficients, one additional step has
to be taken to accomplish a range extrapolation to any
desired distance: The calculated SH coefficients from the
HRTF measurement represent the wave expansion at the
measurement distance rg. The corresponding Hankel term
has to be replaced with a spherical Hankel term of the de-
sired distance as [31]

hy(kry)
ha(kro)

)

Au (11, k) = @pp (10, k) -
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3. Acoustic Centering

As shown in [25], the location of a source inside a sur-
rounding spherical microphone array will influence the
energy distribution in the spherical harmonic order. The
most compact transformation is achieved when the sound
source is located in the center of the spherical measure-
ment array. In this case, most of the energy is contained in
the lower orders. This will reduce the truncation error de-
scribed in equation (6) during the filter reconstruction, or
will enable to truncate more coefficients while introducing
only truncation errors of comparable energy.

In typical HRTF measurements, the center point of the
head is used as the measurement center. This leads to
a non-optimal sound expansion with respect to the mea-
surement array. To achieve a compact transformation, the
HRTF data set of each ear is moved to the frequency
dependent optimal center point. To accomplish this, the
range extrapolation approach given in equation (9), with a
direction dependent radius can be used.

Ben Hagai et al. [25] introduced several measures that
quantify the energy distribution and can be used in an opti-
mization routine to find the optimal center point. Here, the
“center of power” (J,) function is named the most suitable
function and is therefore used in this paper,

N n
Z Z nlanm|2 /LZ’ (10)

n=0 m=—n

N n
lall3 =" > lawl*. (1)

n=0 m=—n

J>

with L,

The location of the source within a spherical microphone
array will not only influence the energy distribution, but
also the order limitation of the measured source [25]. The
optimized center point should reduce the order limitation
of the measured HRTF function. This will reduce aliasing
errors that occur when the signals are of higher order than
the sampling of the measurement setup allows. Together
with the improved truncation error, the transformation er-
ror as described in Section 2.2 should be reduced by the
centering.

3.1. Optimization Results

To find the optimal center point of the HRTF, an optimiza-
tion routine with the function J, (equation 10) is done.
Figures 2 and 3 show the results from an optimization
of the left ear of a BEM simulation and measurement of
the ITA artificial head. They show the location of the op-
timized center point relative to the coordinate origin in
the head center. Both figures show a similar overall be-
havior. The y-axis offset shows an optimal acoustic center
that is outside of the head itself for low frequencies and
converges to the ear position for increasing frequencies.
This behaviour is also found in loudspeaker setups where,
at low frequencies, the driver moves the air in front of it
in phase. This causes the wave to emanate in front of the
speaker membrane [32]. The x and z axes show only small

669



ACTA ACUSTICA UNITED WITH ACUSTICA
Vol. 100 (2014)

Richter et al.: Spherical harmonics based HRTF datasets

0.15);: has
.................... y-axis
-- z-axis
Oll R R |
e R ==
§ 0.05
H
©)
S T
-0.05
200 500 1k Sk 10k
Frequency [Hz]

20| —50% --95%
----- 90% 98%
Head-centered
15
o]
=
o
N 10
7]
5
0
200 500 1k Sk 10k

Frequency [Hz]

Figure 2. BEM simulated artificial head - Optimized center point
for the left ear with criterion J, (equation 10).

Figure 4. Energy distribution in SH coefficients; head-centered
transformation; left ear — BEM simulation data.
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Figure 3. Measured artificial head - Optimized center point for
the left ear with criterion J, (equation 10).

variations for the BEM simulated HRTFs. The z-axis off-
set of the measurement data indicates a slight offset in the
height of the head within the grid during the measurement.

3.2. Energy Distribution

To validate the optimization results, the normalized energy
distribution in the SH order is plotted in Figures 4 and 5
for a head-centered transformation of the BEM HRTF and
the optimized centered transformation, respectively.

The figures show the minimum order needed to obtain
50 %, 90 %, 95 % and 98 % of the signals energy. For the
head-centered transformation, two effects can be observed:
First, the majority of the energy is located in increasingly
high SH order with increasing frequency. It can be ob-
served that the energy is also spread out over a bigger
range, as the 50 % line increases.

When looking at the energy distribution for the ear-
centered transformation, it is clear that the energy gets
concentrated into low orders with a smaller spread. 50 %
of the energy are always located in the first orders. 90 % is
achieved with orders below 5, even at higher frequencies.
This should improve the truncation error during the filter
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Figure 5. Energy distribution in SH coefficients; ear-centered
transformation; left ear — BEM simulation data.

reconstruction. Interestingly, the line for the 98 % energy
does not show improvement.

3.3. Reconstruction Error

Both the reduction of aliasing errors during the SHT and
the reduction of the truncation error during the ISHT that
results from the optimized center point should lower the
overall transformation error. To quantify this error and
the improvements, the following error criterion is used:
The original spherical HRTF data in the frequency domain
g(f, Q) is transformed into SH coefficients with a maxi-
mum order of 89. Subsequently all HRTF filters for every
direction are reconstructed with a maximum transforma-
tion order of Nz. The resulting filter hy, (f, Q) potentially
contain both aliasing and truncation error. A squared dif-
ference between the original filter and the reconstructed
filter is calculated which is integrated over every direction
of the sphere. The resulting error energy ry,(f) is then
normalized to the energy of the original signal.

rn (f) = + |e(f. Q) —hn,(f.]* 4@, (12)

52



Richter et al.: Spherical harmonics based HRTF datasets

ACTA ACUSTICA UNITED WITH ACUSTICA
Vol. 100 (2014)

20| —5dB --15dB
----- 10dB — 20dB

Head-centered T % s

SH-Order

O200 500 1k Sk 10k
Frequency [Hz]

20| — Head-Centered
""" 35mm towards ear
-~ Ear-Centered

SH-Order

0
200 500 1k 5k 10k
Frequeny [Hz]

Figure 6. Logarithmic error distance for head-centered transfor-
mation; left ear; BEM simulation data.
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Figure 7. Logarithmic error distance for ear-centered transforma-
tion; left ear; BEM simulation data.

d(f, N) = 101og—)_ap, (13)
N, )
s(f) = 3[> lg(f. Q) dQ. (14)
SZ

Figures 6 and 7 show the logarithmic error distance
d(f, N) (see equation 13) for maximum transformation
order Ny (see equation 5) for the head-centered and ear-
centered transformation.

Between the Figures, an improvement of 10-15dB in
low orders and high frequencies is visible. While this er-
ror is averaged over the whole sphere, the Figures show
a overall significant improvement to the reconstruction er-
TOr.

To visualize this improvement, the influence of the cen-
ter point to the error distance is shown in Figure 8. The
Figure shows the minimum order needed to achieve 15 dB
error with different transformation center points: The
original head-centered transformation, one center point
halfway between head-center and ear and the optimized
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Figure 8. Minimum order to achieve 15dB error distance with
different center points; BEM simulation data.
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Figure 9. Minimum order to achieve 15dB error distance with
different center points; measurement data.

center. The comparison between the original and the op-
timized center shows a big improvement in the required
order. At frequencies between 5kHz and 10kHz the or-
ders can be reduced by a factor of up to three. Figure 9
shows the same graphs for the measured HRTF. Very sim-
ilar effects are visible here.

4. Implementation

To analyze the feasibility of the SH approach for HRTF
datasets in real time auralization application, a C++ im-
plementation into an existing virtual acoustic environment
[33] was done.

Here, the improvements accomplished by the acoustic
centering in the reconstruction error (see Section 3) are
used as one important factor to lower the computation
time: As the calculation time will increase quadratically
with the order (linear with the number of coefficients), the
order reduction quantified as up to a factor of three will
significantly improve the calculation time.

Real-time capable auralization is limited by the delay
that humans tolerate between visual and auditive stimuli
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and is usually stated as 20-30 ms [34, 35]. If the additional
latency from the filter generation is too large there will be a
noticeable delay between head movement and auralization
or delayed auralization of multiple sources. As the over-
all latency of the auralization system cannot be definitely
specified, the goal of the implementation was to achieve
shortest calculation time and thus introducting as little ad-
ditional delay, while remaining as exact as possible.

The filter reconstruction, as shown in equation (1), can
be subdivided into three parts: The creation of the SH base
function for the desired direction, the calculation of the
Hankel values for the range extrapolation (equation 8) and
the multiplication of all components. These three compo-
nents are optimized to achieve low calculation times:

SH Base Function Generation

During the generation of the SH base function, a symmet-
ric property of spherical harmonic can be used to reduce
computation effort [23],

Y, " @, @) = (=D"Y;(®, @). (15)

Here X denotes the complex conjugate of the variable x.
The use of this symmetry instead of a complete summa-
tion, leads to a performance increase by the factor two,
as only half the coefficients need to be generated through
summation while the other half can easily be calculated.

As seen in Figure 2, the optimal center point is fre-
quency dependent. During the reconstruction, the offset to
the head center must be taken into account to compensate
this shift. This leads to a frequency dependent sampling
of the SH base functions, as every frequency has an in-
dependent source direction. As the generation of the SH
coefficients for one direction is relatively slow, only one
frequency independent translation is done during the SHT.
This translation is done with the mean value of the offset
seen in Figures 2 and 3. This influences the improvement
from the centering only marginally, as the highest error
to the optimized position is introduced at low frequencies,
where the centering has the least effect

Multiplication

The complex valued multiplication execution time can be
reduced with the use of vectorization. Here, Streaming
SIMD Extension (SSE) instructions are used to simulta-
neously compute multiple values. The Intel Performance
Primitive (IPP) library supplies a high level interface to
these instructions and is therefore used in this paper. This
increases the execution time of complex multiplication by
a factor of approximately 3. Figure 10 shows measured
calculation times for filter generation without range ex-
trapolation for both a pure C++ implementation and an im-
plementation using the /PP library.

Range Extrapolation

As the calculation of a single Hankel function value
is computationally expensive, the range extrapolation
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30

20
Order

Figure 10. Comparison between C++ and IPP implementation fil-
ter generation times without range extrapolation. 256 sample fil-
ter.

method has to be simplified. This is possible in two dif-
ferent ways.

As a first simplification, a look-up-table (LUT) is pre-
computed that saves values for every kr value in 5cm
steps. Between the discrete sampling points, a fast linear
interpolation is done. This reduced the Hankel calculation
time to a inexpensive memory look-up while introducing
a small error.

As a second step, the Hankel function calculation is re-
duced to the near-field of the head. In the far-field, a sim-
ple Y-decay can be assumed without significant additional
error. The cutoff frequency, where the far-field assump-
tion becomes viable, depends on the maximum transfor-
mation order (the higher the order, the higher the cutoff
frequency) and on the distance to the source (the closer to
the source, the higher the cutoff frequency). Through sim-
ulation of the error, a linear dependency with the order and
the distance is assumed.

To show the additional error introduced by this approx-
imation, the logarithmic error distance described in equa-
tion (13) is calculated for filter generations with complete
Hankel function values and with the far-field approxima-
tion. The difference between these two values is plotted
in Figure 11 for a source distance of 0.8 m. The plot also
shows the near-field limit that is used for the given dis-
tance and maximum order. Here the assumption of a linear
error dependency is validated. The Figure shows that the
near-field limit can also be modeled as a low pass filter
[36] where the Hankel function is used at low frequen-
cies, while an approximation can be done above a cutoff
frequency. Only approximately 0.25 dB additional error is
introduced into the filter transformation on average.

4.1. Test System

The presented calculation times stem from runtimes av-
eraged over 10,000 times and measured with Windows
Performance Counters on an Intel Core i7 860 processor.
All calculations are done with single precision. Between
the repeats, random angles are chosen. The distance to
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Figure 11. Additional overall error from far-field approximation
during range extrapolation. Near-field limit signifies the limit
where near-field approximation becomes valid.

the source is set to 0.8 m with a measurement distance of
0.5 m. The used software includes

e Microsoft Windows 7 64bit

Microsoft Visual Studio 2010 SP1,

Microsoft C++ Compiler XE Version 12

IPP Version 7.0.1,

Boost Version 1.46 (Legendre/Hankel function).

4.2. Runtimes

To compare the optimized methods, full filter generation
times where measured for each method.

Figure 12 shows the filter calculation time with different
range extrapolation methods over different transformation
order and a common filter length of 256 samples. Here, a
quadratic dependency with the order based from the num-
ber of coefficients is clear in all methods. To show the
calculation time improvement from the Hankel function
approximation during the range extrapolation, two bound-
ing conditions are shown. Depending on the distance to
the listener, the Hankel approximation calculation times
vary: For filters with a receiver closely positioned to the
source, the calculation time is bounded by the pure Han-
kel calculation time as the function is in the nearfield of the
head even for high frequencies. For very large distances,
the time is bounded by the Y-decay function as most fre-
quency points are in the far-field. Figure 12 shows that
even with a relatively small distance to the source, the im-
provement from the approximation is still approximately a
factor of two.

With the approximation, a complete filter generation
takes approximatly 100 us for a filter length of 256 sam-
ples and order 20. This stands in contrast with approxi-
mately 8 us that is needed for a filter generation from a
discrete data set. Figure 13 shows each components share
in the overall filter generation time. Each component takes
up approximately 33 % of the generation time and there-
fore no significant bottleneck in the filter generation can
be found. To further increase the transformation speed,
several approaches are possible. First, the implementation
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Figure 12. Reconstruction calculation time over different order
limits with different range extrapolation methods (filter length
256). “Hankel calculation”: full Hankel range extrapolation;
“Hankel approximation”: preferred method with far-field approx-
imation of the Hankel function; !-decay: reference curve.
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Figure 13. Percentage of each filter generation component onto
the whole calculation time.

of the SH base function and Hankel function generation
could be optimized for speed. Furthermore, a LUT for the
SH base functions will increase performance by approxi-
mately 30 %. Here, the filter directions would no longer be
spatially continuous as they would be limited to the pre-
computed directions.

5. Conclusion

In this paper an efficient implementation of HRTF data sets
using the spherical harmonic transformation is introduced.
The SH model allows representation even between sam-
pling points without additional interpolation. It is shown
that with the use of range extrapolation, a HRTF represen-
tation on any distance from one measurement is possible.
This allows to reduce the measurement effort significantly,
as only one distance has to be measured per direction. A
more compact file size is possible as less information has
to be stored. This leads to a reduction of file sizes from
approximately 100 MB for discrete sets to sizes of, for ex-
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ample, about 1 MB for filter length of 256 samples and
maximum SH order of 20.

The downsides of this model have been studied and pre-
sented in detail. The most notable downsides are the in-
creased filter reconstruction times and the introduced er-
rors from truncation and spatial aliasing. As the increased
filter reconstruction time will increase the latency of the
auralization system, the goal of the efficient implementa-
tion is to achieve smallest possible reconstruction times
while remaining as exact as possible. Several steps, both
during the creation of the SH coefficients and the filter re-
construction, have been taken into account to achieve these
goals.

First, the reconstruction error of the HRTF with respect
to the SH order was analyzed. Here the influence of the
center point of the transformation was examined. It was
shown that the reconstruction error is dependent on the
center point of the spherical harmonic transformation. An
optimized center point was calculated that minimizes both
aliasing and truncation errors and achieves a transforma-
tion with an reduced reconstruction error.

This reduction prooved to be a first important step in
achieving a real-time capable implementation, as less co-
efficients where needed to achieve a result with compara-
ble reconstruction error. With this optimized generation of
the SH coefficients, several steps where taken during ev-
ery calculation step of the filter reconstruction to further
improve the transformation time.

The generation time of the SH base functions was im-
proved using symmetries in the coefficients. The com-
plex valued multiplication could be accelerated using li-
braries that use vectorization of values and thus comput-
ing multiple values simultaneously. These improvements
do not impact the calculation’s accuracy and exact results
are still reproduced. The biggest speed improvement could
be achieved during the range extrapolation method. A set
of Hankel function values are precomputed in a look-up
table. Additionally a far-field approximation of the Han-
kel function is used which, dependent on the distance was
used further improve the range extrapolation time.

The increased computational complexity introduced by
the SHT increased the filter generation times despite the
improvements. A typical filter generation takes approxi-
mately 100 us for a filter length of 256 samples and or-
der 20. Compared to a discrete data set that takes approx-
imately 8 us the SH approach still requires more compu-
tational effort, but the achieved filter generation times are
still a factor of over 1000 smaller than the real-time aural-
ization limit of 20-30 ms. While this is true for auraliza-
tion with one source, the increased complexity will prove
to be problematic if many sources are auralized. In room
acoustics simulations, where reflected sound from one
source will come from multiple directions, this method
should not be used as it will not audibly improve the sim-
ulation while increasing the simulation time.

5.1. Outlook

The most interesting questions that comes from this
work can be answered using intensive listening tests. The
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biggest question remaining is to quantify the maximum or-
der needed for a good localization with different signals.
As shown, even with optimized center points, the recon-
struction error grows substantially to higher frequencies
and lower orders. An interesting question would be, how
significant these errors are to the localization.

More listening tests could be done to study the influ-
ence of small head movements on the localization. If sub-
jects are unsure about the exact location of a sound event, it
was shown that small head movements are used to pinpoint
the source. As the spatial sampled HRTF grids are lim-
ited by design in their spatial resolution, these very small
head movements could not be auralized correctly. With a
sufficiently high maximum SH order however, this should
be possible and thus should allow better localization espe-
cially on the cones of confusion.
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