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Figure 1: Principle of computing far-field HRIRs by range
extrapolation on the basis of virtual WFS.

Introduction

Recently an approach to range extrapolation of head-
related impulses responses (HRIRs) has been pro-
posed [1]. It is based on interpreting measured HRIRs
as a virtual secondary source distribution which is driven
according to a virtual source at the desired distance. In
principle, any sound field synthesis (SFS) approach can
be used. However, Wave Field Synthesis (WFS) is favor-
able since it allows for a numerical stable and efficient
implementation. The proposed technique requires pre-
filterings of the HRIR dataset, and summing up weighted
and delayed versions of the HRIRs. In WFS the delay op-
erations are typically quantized towards multiples of the
sampling interval [2]. For range extrapolation, quantized
delays pose limits with respect to the achievable phys-
ical accuracy. These limits and potential solutions are
discussed in the paper, as well as the perceptual conse-
quences in the context of range extrapolation of HRIRs.
The investigations are limited to horizontal plane HRIRs.

Range Extrapolation of HRIRs

WFS aims at the synthesis of a desired sound field within
an extended area using an ensemble of individually driven
loudspeakers (secondary sources). HRIRs represent the
impulse responses from an acoustic source to the ears.
Datasets of HRIRs are typically measured for a fixed
distance R of the source and varying incidence angle α0.
Such datasets can be interpreted as virtual circular loud-
speaker array. Refer to Figure 1 for an illustration.
The far-field extrapolated HRIRs are given by the im-
pulse response from the virtual source to the left/right

ear [1]

h̄{L,R}(ϕ, t) =∫ 2π

0

dpw(α0, t) ∗ h{L,R}(α0, ϕ,R, t) Rdα0, (1)

were dpw(α0, t) denotes the driving signal and
h{L,R}(α0, ϕ,R, t) the left/right HRIRs for a given
head orientation ϕ, respectively. For the synthesis of
far-field HRIRs the desired virtual source constitutes a
Dirac shaped plane wave. The driving function is given
by specializing [3, eq.(27)] to the given geometry

dpw(α0, t) = a(α0)w(α0) (fpre(t) ∗ δ(t− τ(α0))) , (2)

were a(α0) denotes a window function that selects the
active secondary sources for a given incidence angle αpw

of the virtual plane wave, w(α0) a weighting factor,
fpre(t) the pre-equalization filter of WFS and τ(α0) =
R

c
cos(α0 −αpw) a delay. Introducing (2) into (1) reveals

that the plane wave HRIRs can be computed efficiently
by pre-filtering the HRIRs, and summing up weighted
and delayed versions of the pre-filtered HRIRs.

Practical Aspects

The extrapolation of HRIRs using virtual WFS is subject
to a number of practical aspects.
Equation (1) assumes the availability of spatially contin-
uous HRIRs. In practice, HRIRs are spatially sampled
which may lead to spatial sampling artifacts in the ex-
trapolated HRIRs. The considered scenario of a circu-
lar distribution of virtual secondary sources constitutes
2.5-dimensional synthesis. The resulting amplitude de-
viations for WFS (and other techniques) are well re-
searched [3]. For the computation of far-field HRIRs this
undesired amplitude decay has to be compensated for.
Otherwise the interaural level differences (ILDs) will not
be correct for the synthesized HRIRs. The artifacts fol-
lowing from sampling and 2.5-dimensional synthesis are
not considered in this paper.
For computational efficiency, the delay operation in (2) is
quantized to multiples of the temporal sampling interval.
This quantization has shown to be inaudible for static
virtual sources synthesized by typical WFS setups [2].
Range extrapolation of HRIRs may involve very densely
distributed virtual secondary source distributions. Here,
temporal quantization of the delay operation may lead
to numerical artifacts. These emerge from the fact that
multiple secondary sources are delayed by the same value.
The consequences of delay quantization are investigated
in this paper.
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Figure 2: Differences between far-field BRIRs calculated
using continuous and quantized delay operations.

Results

A custom dataset of horizontal plane HRIRs [4] measured
at a source distance of R = 0.5m with angular resolution
of one degree is used in order to avoid spatial sampling
artifacts. A dataset of left/right far-field HRIRs was cal-
culated by numerical evaluation of (1) and (2). Two sce-
narios are considered in order to investigate the effect of
quantizing the delay τ(α0) in (2): (i) no quantization and
(ii) quantization towards multiples of the sampling inter-
val T = 1/fS with fS = 44.1 kHz. The former is approxi-
mated by a fractional delay filter, which was designed as
least squared error finite impulse response [5] of length
Nfd = 30. Figure 2a shows the absolute difference be-
tween the HRIRs calculated with continuous/quantized
delays. Note the color scale denotes level in dB. A dif-
ference of up to -15 dB can be observed. However, the
HRIRs itself and their differences provide only limited
insight into the perceptual relevance of the observed dif-
ferences. In order to investigate further on this, we cal-
culated the interaural level differences (ILDs) and inter-
aural time differences (ITDs) for both HRIR datasets.
No relevant differences were observed, indicating that lo-
calization is not affected by quantized delays. Figure 2b
shows the weighted magnitude frequency response for the
lateral and contralateral ear for a plane wave impinging
onto the left ear. The response was processed by an au-
ditory filter bank composed of gammatone filters with 1

ERB wide filters. For frequencies above 10 kHz differ-
ences up to 2 dB can be observed. These differences may
lead to audible coloration.
An informal listening experiment was carried out in or-
der to investigate the audability of the observed differ-
ences. Stimuli were produced by convolving the calcu-
lated HRIRs with different source material for a variety
of different angles. As source material speech and cas-
tanets were used. Direct comparison of the stimuli pairs
revealed no perceptual difference between continuous and
quantized delays. Listening examples are available at
http://audio.qu.tu-berlin.de/?p=835.
The instrumental results found by our investigations in-
dicate that fractional delay filters are required for the
implementation of HRIR extrapolation. However, results
from informal listening revealed that no perceptual dif-
ferences between both methods can be observed. Hence,
quantized delays seem to be suitable for far-field extrap-
olation of HRIRs using virtual WFS. This allows for an
computationally efficient implementation of this method.
Note, the derived results may not hold for the computa-
tion of near-field HRIRs using extrapolation techniques.

Reproducible Research

The numerical simulations in this paper are based on
the Sound Field Synthesis Toolbox [6]. The additional
scripts used in this paper, as well as the slides from the
talk (German) and the listening examples are available
at http://audio.qu.tu-berlin.de/?p=835.
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