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Abstract—The capability of modern hearing aids to provide
hearing-impaired humans with enhanced signals, which ulti-
mately leads to an increased speech intelligibility, may benefit
from fitting the device for each subject individually. This ideally
also involves the exploitation of Head-Related Impulse Responses
(HRIRs). However, HRIRs vary from person to person and thus
require tedious measurements for each individual. In this work,
we investigate two approaches which aim at speeding up the
HRIR acquisition procedure. These are continuous measurements
and interpolation, where Dynamic Time Warping (DTW) as well
as linear interpolation of the magnitude and phase responses are
considered. In contrast to related publications, the continuous
HRIR measurements are not performed in anechoic environments
here. The quality of the obtained HRIRs is assessed by means of
the system mismatch and the proposed error of relative transfer
functions. Both measures reveal that continuous HRIR measure-
ments are on average much more capable than the investigated
interpolation approaches, and they furthermore provide a more
uniform performance for different source directions.

I. INTRODUCTION

According to the World Health Organization (WHO), around
360 million people worldwide are currently suffering from hearing
loss [1]. In order to help these people to at least partly recover their
hearing capabilities, technical devices such as cochlea implants
or, more commonly, hearing aids are utilized. Modern hearing
aids accommodate multiple microphones per device, which allows
for multichannel signal enhancement [2], and with the transmis-
sion of microphone signals between the left and right hearing
aid comes the possibility to apply binaural approaches such as
binaural beamforming. The purpose of these techniques is to
provide spatial selectivity and to extract a desired sound source.
The best performance may generally be achieved by taking into
account how the pinnae, the head, and the torso affect the sound
waves arriving at the ears. In particular, Interaural Time Differ-
ences (ITDs) and Interaural Level Differences (ILDs) resulting
from head shadowing should be considered. These effects can be
described in the frequency-domain with the help of Head-Related
Transfer Functions (HRTFs), which characterize the propagation
paths from a source to the ears. The corresponding time-domain
representations are referred to as Head-Related Impulse Responses
(HRIRSs).

Due to the different sizes and shapes of the human pinnae,
head, and torso, a particular set of HRIRs is only valid for a par-
ticular person. Accordingly, signal enhancement methods relying
on the exploitation of HRIRs should be adapted to each person
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individually. In the ideal case, this is achieved by an individual
measurement of HRIRs for each hearing-impaired person and
a setup with sound sources located at all practically relevant
positions around the head. This obviously requires a lot of effort
and is a very time-consuming process. One approach to mitigate
this problem is to limit the HRIR measurements to few source
directions only and to apply interpolation techniques [3]-[6] in
order to obtain HRIR estimates for all remaining angles. The idea
of continuous HRIR measurements, where the subject is rotating
during the acquisition process, is an alternative approach and
was previously investigated under anechoic conditions [7]-[9].
Publications dedicated to continuous measurements in reverberant
environments, such as [10], are concerned with mere room impulse
responses rather than HRIRS. In this contribution, the interpolation
and continuous measurement of HRIRs is investigated for rever-
berant environments and in the context of hearing-aid applications.

The remainder of this paper is structured as follows: First, the
procedure for measuring HRIRs is discussed in Sec. II, where
both the general approach for fixed measurement positions as well
as continuous measurements with a rotating subject are outlined.
In Sec. III, two different interpolation methods—including one
based on Dynamic Time Warping (DTW) [11]—are explained.
The experimental results are presented in Sec. IV, before the work
is concluded in Sec. V.

II. MEASURING HEAD-RELATED IMPULSE RESPONSES

Before the continuous measurement of Head-Related Impulse
Responses (HRIRs) for a rotating subject is discussed in Sec. II-B,
the general approach utilized in this work for measuring HRIRS is
briefly outlined in Sec. II-A.

A. General Procedure

In order to measure HRIRs, perfect sequences [12]-[14], perfect
sweeps [15], or Maximum Length Sequences (MLSs) [16] are
commonly utilized. In this work, the HRIRs are obtained using
MLSs z[k] with a length of N samples, whose normalized cyclic
auto-correlation function R[] is

] N-1
Rk = N Z z[k] - x[k + K mod N] 1)
k=0
1 if kmod N =0
- {—% else )

The length of an MLS is given by N = 2" — 1, where n
denotes the order. For sufficiently high orders n (implying a long
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sequence), R, corresponds to a unit impulse train featuring a
single unit impulse in each period of length /N. As the microphone
signal y[k] is given by the linear convolution of the MLS x[k]
and the impulse response h[k], the cyclic auto-correlation function
between z[k] and y[k| results in

Raylk] = i hlk — pN] 3)

p=—00

for sufficiently large /N. Consequently, each length-N period of
R, starting at integer multiples of /N provides a good estimate
for h[k] given that N is larger than the length Ny, of hlk]. If the
MLS is too short and N < N}, the periodic repetitions of h[k] do
overlap and the tail of h[k] occurs as “ghost peaks” due to cyclic
convolution effects, which we refer to as temporal aliasing. Note
that at least two periods of the MLS must be recorded in order
be able to observe a cyclic convolution in the microphone signal
and to compute (3) accordingly, where the first N samples of the
recording are discarded as they represent a linear convolution. The
number of reproduced MLS periods, referred to as frames, may
be increased further in order to reduce the impact of measurement
noise by averaging multiple periods of 2.

As an alternative to computing the cyclic correlation R,
which is known as Inverse Cyclic Convolution (ICC), the Nor-
malized Least Mean Squares (NLMS) algorithm can be applied
to identify the HRIR from a given microphone signal. However, it
was shown that the NLMS with a stepsize of one is equivalent to
ICC when perfect sequences are used as excitation signals [17].

B. Continuous HRIR Measurements

Rather than measuring the HRIRs of a subject for a multitude
of different directions, the subject can also be rotated during the
measurement while continuously playing out MLSs and recording
the according microphone signals. This approach has several im-
plications: First of all, the estimate obtained from a recorded MLS
frame now represents an “average” HRIR for a certain angular
range and does not correspond to a single direction anymore.
Consequently, the estimated HRIRs will not be equal to the HRIRs
resulting from fixed measurements. For the same reason, averaging
of multiple estimates resulting from different frames of the contin-
uous measurements is generally not reasonable anymore, such that
the susceptibility to noise of the resulting estimate is increased.

Achieving a good system identification performance and a fine
angular resolution, where the rotation of the subject only covers a
small angular range during the recording of an entire MLS frame,
either requires a low rotation speed or a short length NV of the MLS.
However, with decreasing values of N, temporal aliasing may
occur or its impact may become stronger, which can be avoided
by decreasing the rotation speed and, thus, increasing the overall
measurement duration.

To estimate HRIRs for different directions from a recording
obtained with a continuously rotating subject, the microphone
signal is first partitioned into possibly overlapping blocks of length
2N starting at sample V. For each block, we can then compute
the ICC which yields an HRIR estimate for a particular angular
region. It should be noted that computing the ICC using non-
disjoint blocks with Nomod N = Na # 0 would result in
an HRIR estimate cyclically shifted by Na samples. This can be
compensated by also applying a cyclic shift of Na samples to the
MLS used for the ICC. As mentioned above, the individual HRIR
estimates of the different frames are not averaged here in order to
obtain the best possible angular resolution.
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III. INTERPOLATION OF HEAD-RELATED TRANSFER
FUNCTIONS

Another approach to efficiently acquiring HRIRs is to subsam-
ple the angular range, i.e., to measure HRIRs for few directions
only and to interpolate the HRIRs for missing intermediate angles
¢ine afterwards. For this purpose, Dynamic Time Warping (DTW)
as well as a linear interpolation of the magnitude and phase
responses of the HRTFs are considered here.

A. Dynamic Time Warping (DTW)

The concept of Dynamic Time Warping (DTW) was originally
introduced in [11] in the context of automatic speech recognition.
Its purpose is to nonlinearly warp two sequences of different
lengths such that they are temporally aligned in the best way.
Similar to [18], where DTW was used to align HRIRs, we apply
the DTW-based alignment in the context of hearing aids here. A
detailed description of the algorithm can be found, e. g., in [11] or
[19]. Here, we only provide a very brief outline of the main steps.
The alignment between two HRIRs h;[k| and h;[k] corresponding
to directions ¢; and ¢;, respectively, is done by first computing the
L distances between all samples of each HRIR according to

Ahijlki, kj] = |halks] — hy[k;]] )

where |-| returns the absolute value. These distances represent
costs, and the objective is to find the path

Pln] = [ki[n], k;[n]] 5)

which results in the lowest accumulated cost obtained when walk-
ing through Ah;;[P[n]] along the path. Different approaches to
finding this path are discussed in [19]. The warping/alignment
process itself can be described as

ilki[n]], (6)
ik [n]]. )

Once the alignment is done, the warped HRIRs can be linearly
interpolated to obtain an estimate for an intermediate direction
Gt € [0, ¢;] according to

hywin[n] = athy i [n] + (1 — a)hy j[n], (8)

where « determines the relative weight of the individual HRIRs. It

is defined as o
5 — Pint

a=——) 9

Ao €))

with A¢p = ¢; — ¢; being the angular difference between the

sampled directions. In the same way as h,, ; and Ay ;, the corre-

sponding original discrete-time indices k; and k; are interpolated,

Kinn] = aki[n] + (1 — a)k;[n]. (10)

This allows for an unwarping of the interpolated HRIR, which may

be expressed as

hint [kinl [TL]] = hw,int [n] . (1 1)

As the interpolated indices ki [1] are generally not equidistant and
do not coincide with the original discrete-time axis k, both the time
axis Kin[n] and huine[Kine[n2]] are interpolated, e. g., using splines,
in order to obtain the corresponding values at k. This last step
yields the final result of the interpolated impulse response iy [k].
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B. Linear Interpolation of Magnitude and Phase

An interpolation of HRIRs is generally only reasonable after
a temporal alignment of peaks which are caused by the same
wave front, but occur at different locations of the respective
HRIR. Nevertheless, the magnitudes A(w) and phases ¢(w) of
the corresponding HRTFs H (w) may be interpolated. The HRTF
obtained from interpolating the magnitude and phase responses of
two HRTFs H;(w) = A; &%) and H;(w) = A; &%) for
directions ¢; and ¢;, respectively, and a target direction ¢y is
given by [5]

Hin(w) = Aje(w) o), (12)
with the interpolated magnitude
Ai(w) = adi(w) + (1 - ) 4;(w), (13)
the interpolated phase
pint(w) = i (W) + (1 = @)p; (W), (14)

and « as defined in (9). It is important to stress that an unwrapping
of the phase responses is required prior to interpolation, as all
computations are performed for discrete frequency bins in the
Discrete Fourier Transform (DFT) domain, where the unwrapping
process constitutes a potential source of errors.

IV. EXPERIMENTS

In this section, we first discuss the setup underlying the
experiments and introduce the considered performance mea-
sures in Sec. IV-A, before the HRIRs obtained with continuous
measurements and interpolation are assessed in Sec. IV-B and
Sec. IV-C, respectively. A brief performance comparison is given
in Sec. IV-D.

A. Experimental Setup and Evaluation Measures

For the experiments, a KEMAR [20] mannequin was mounted
onto a motorized rotor such that its orientation could be adjusted
precisely. KEMAR was equipped with behind-the-ear hearing aid
housings, each of which accommodates two microphones with
a spacing of about 1 cm. The distance between the loudspeaker
diaphragm and the center of the hearing aids was approx. 90 cm,
as illustrated in Fig. 1. KEMAR’s look direction ¢ is specified
w. r.t. the fixed loudspeaker position, where ¢ = 0° corresponds
to the frontal direction and the angular range 0° < ¢ < 180°
corresponds to the loudspeaker being located on the right-hand
side. All HRIRs were recorded at a sampling frequency of 48 kHz
in an acoustic lab with reverberation time 79 =~ 120 ms. For eval-
uation, however, only the direct paths of the HRIRs were consid-
ered, i. e., the HRIRs were truncated accordingly, as room-specific
reflections should not be taken into account when designing HRIR-
based signal enhancement algorithms such as beamforming. Nev-
ertheless, reverberation was present during the recordings. The
ground truth was measured in five-degree steps for fixed directions
¢ € {—90°,—85°,...,90°}, with a measurement duration of 5 s
for each angle, and a periodically repeated MLS with frames of
length L = 340 ms (N = 16383 samples).

To assess the quality of the estimated HRIRs obtained from
the continuous measurements or via interpolation, the following
two performance measures are evaluated. As a first measure, the
system mismatch [21] is utilized, which describes how well the
estimated HRIRs match the true ones. It is defined as

h(6) — B (9)],
Do) =" @0,

(15)
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Fig. 1. Evaluation setup

where ||-||, denotes the Ly norm, h,,(¢) and h,,(¢) are column
vectors capturing the samples of the true HRIR A, [k, ¢] and the
estimated HRIR h,, [k, ¢], respectively, for a certain direction ¢,
and m € {left front, left rear, right front, right rear} indicates the
microphone channel.

As for multichannel speech enhancement algorithms such as
beamforming, mainly the Relative Transfer Functions (RTFs) be-
tween the individual microphone channels are of interest, we also
introduce the normalized error of relative transfer functions. This
frequency-dependent measure is defined as
Hp (w,0) _ If]m(w-ﬂb)’
Het(W,0)  He(w,d)

H’Vn (w)d))
Href(“"v¢)

; (16)

eRTF,m(wv ¢) =

where H 8) and H ) denote the true and estimated HRTFs, respec-
tively, and the RTFs are computed w.r. t. the reference microphone
channel indicated by the subscript (-)rer.

It should be noted that only frequencies below 8 kHz are
evaluated here, as this frequency range can be considered most
important in hearing aid scenarios.

B. Continuous HRIR Measurements

The continuous measurements were carried out choosing three
different, but constant rotation speeds, and a rotation of KEMAR
from ¢ =+90° to ¢ = —90° took 4 s, 8, and 16 s, respectively.
The loudspeakers were playing out periodically repeated MLSs,
where frames of length L = 85ms (N = 4095 samples),
L=170ms (/N =8191 samples), and L =340 ms (N = 16383
samples) were considered. The sound level at the ear positions
was approx. 55 dB(A). To match the ground truth data with the
HRIR estimates h,, [k, ¢] obtained from the continuous recordings
using ICC, a correlation-based Direction Of Arrival (DOA) esti-
mation was utilized. That is, the DOAs were first estimated for all
HRIRs h[k, ¢] and for all estimates h,, [k, ¢|. For each direction ¢
available in the ground truth data, the corresponding set of HRIR
estimates with the most similar DOA was then assigned, such that
no tracking of the orientation of KEMAR was required.

The system mismatch D,,, resulting from the HRIR estimates
thus obtained is shown in Fig. 2(a) for an MLS with a frame length
of 170 ms and a rotation duration 7" = 16s, where the values
of D,, are truncated at —30 dB. It can be seen that the system
mismatch for the two microphones in the same hearing aid is very
similar. Furthermore, a performance degradation is present for the
microphones in the left hearing aid in case the sound source is
located to the right front, i. e., in the angular region between 20° <
¢ < 45°. Apart from that, no clear pattern can be observed except
for a very slight tendency towards lower values of D,,, for ¢ > 0.
The performance is, however, generally decent for all directions.
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Fig. 2. System mismatch D, resulting from HRIR interpolation with A¢ =
15° and continuously measured HRIRs with 7" = 16 s and L = 170 ms.

The averaged values of the system mismatch for all directions
¢ and microphone channels m are listed in Table I(a) for the
different tested rotation durations and frame lengths. As expected,
the longer the rotation duration 7' is, i.e., the lower the rotation
speed is, the better the system identification performance will
be. Interestingly, an increase in the frame length L of the MLS
results in larger values of the system mismatch for 7' = 4 s and
T = 8s, whereas the system mismatch is reduced even further
for T' = 16s. This shows that the angular resolution provided
by the longest rotation duration is not the limiting factor for the
system identification performance, but the HRIR estimates are
more impaired by other effects such as background noise and/or
reverberation. In contrast, the limited angular resolution resulting
from shorter rotation durations has a significantly larger impact on
the performance than reverberation and/or background noise.

The error egrr,m of the RTFs as resulting from the continuously
measured HRIRs is illustrated in Fig. 3(a) for an MLS with a
frame length L. = 170 ms and a rotation duration 7" = 16 s. For
the plots, the front right microphone is chosen as the reference
channel, and the values are truncated at —40 dB for illustration
purposes. As can be seen, the error of RTFs for the right rear
microphone is very low for a sound source located at directions
¢ > 0°, i.e., in the right halfplane. In this case, the reference
channel as well as the sound source are on the same side as the
considered microphone channel, and the impact of head shad-
owing is thus very low. For sound sources in the left halfplane,
the error values are larger, which is especially obvious for higher
frequencies where head shadowing is more pronounced. Similarly,
the error values for the left rear microphone are generally larger,
where the reference channel is located at the opposite side of the
head. Note that the plot for the left front microphone is not shown
here as it is very similar to the one for the left back microphone
and, thus, does not provide additional insights.
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TABLE I
SYSTEM MISMATCH Dy, IN dB AVERAGED ALONG ALL DIRECTIONS ¢
AND MICROPHONE CHANNELS m FOR HRIRS OBTAINED FROM
CONTINUOUS MEASUREMENTS (A) AND INTERPOLATION (B).

(a) continously measured HRIRs

Length L of Duration 7" of rotation
MLS frame 4s 8s 16s
85 ms —-21.7 —21.7 —22.6
170 ms —18.0 —21.4 —23.1
340 ms —11.0 —-19.9 —24.2
(b) interpolated HRIRs
Type of Angular distance A¢ between samples
interpolation 10° 15° 20° 30° 45°
DTW-based —17.9 —-14.3 —-11.8 —9.1 —6.1
Linear —15.1 —-124 —-11.7 —-8.7 —6.2

C. Interpolation of HRIR Measurements

The evaluation of the DTW-based HRIR interpolation and the
linear interpolation of the magnitude/phase responses of HRTFs
was done for angular distances A¢ € {10°,15°,20°,30°,45°}
between the samples. More precisely, it was assumed that HRIRs
are available for directions ¢, = —90° + v - A¢, with v €
{NSr |v-Ag < 180"}. The HRIRs for all intermediate direc-
tions were interpolated in steps of 5°.

The resulting system mismatch D,, is shown in Fig. 2(b)
and Fig. 2(c) for A¢p = 15°, where the values in the plot are
again truncated at —30 dB. It can clearly be seen that both the
DTW-based and the linear interpolation approach perform well
if the sound source is located in a frontal direction. For lateral
sound sources, however, a good performance is only obtained
for the ipsilateral hearing aid, i.e., if the sound source and the
microphones are located at the same side of the head, whereas the
system mismatch is very large for the contralateral hearing aid.
Note that the low system mismatch for multiples of 15° is due to
the fact that no interpolation is required as HRIRs are available for
these angles.

Similarly to the above, the average system mismatch for all
directions ¢ and microphone channels m is listed in Table I(b)
for different sampling distances A¢ and both interpolation ap-
proaches. As expected, the system mismatch increases with in-
creasing angular distance A¢ between the samples, i. €., the direc-
tions for which HRIRs are available. Except for A¢ = 45°, the
DTW-based approach performs consistently better than a linear
interpolation of the magnitude and phase responses, where the
performance difference is most pronounced for low values of A¢.

The frequency-dependent error of RTFs is plotted in Fig. 3(b)
and Fig. 3(c) for an angular difference A¢p = 15° between the
sampled directions. Again, only the two rear microphone channels
are illustrated, the front right microphone is chosen as the refer-
ence channel, and the values of egrp p, are truncated at —40 dB
for illustration purposes. Surprisingly, the error of RTFs for the
right rear channel is clearly better in the frequency range below
approx. 2 kHz when using linear interpolation. For the left rear
channel, this only holds if the sound source is located in the front
or right front. For all other directions and higher frequencies, the
error values obtained with DTW and linear interpolation are rather
comparable: There are certain frequency ranges and directions for
which DTW performs better, whereas linear interpolation results
in lower error values in other areas.
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Fig. 3. Error of relative transfer functions ertr,y, for the left rear and right
rear microphones, where the right front microphone is the reference.

D. Discussion of Results

In terms of system mismatch, both interpolation approaches are
clearly outperformed by continuous measurements with properly
chosen parameters, as can be seen by comparison of Table I(a)
and Table I(b). Moreover, a more uniform performance can be
achieved with continuously measured HRIRs, whereas the system
mismatch varies strongly for different angles when using interpo-
lation (cf. Fig. 2). As far as the error of relative transfer functions
is concerned, continuous HRIR measurements also clearly out-
perform both interpolation approaches (cf. Fig. 3). Only for very
low frequencies and a few directions, linear interpolation achieves
lower values of egrtr, . However, the overall error of RTFs is still
significantly larger in case of interpolation, even though the HRIRs
are sampled at an angular spacing of A¢ = 15°, which can be
considered rather dense already when counting the setup times for
each individual direction of the HRIR measurement.

V. CONCLUSION

In this work, Head-Related Impulse Responses (HRIRs) for
hearing aid devices are acquired from continuous measurements
in reverberant environments and compared with HRIRs resulting
from interpolation of fixed measurements. To assess the quality of
the obtained HRIRs, the system mismatch and the proposed error
of relative transfer functions are evaluated. The latter measure
is independent of errors affecting all channels in the same way.
It is thus especially relevant when it comes to spatial filtering
techniques such as beamforming where time differences of arrival
matter rather than actual angles. Both measures revealed that
a continuous measurement of HRIRs is clearly superior to the
investigated interpolation approaches, and it may thus be suited
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as a practical procedure for acquiring individualized HRIRs to
optimize multichannel speech enhancement algorithms in hearing
aids. Assessing the resulting impact on the speech intelligibility in
real-world scenarios remains a topic for future work.
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