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Abstract—A novel method for binaural source localization
using a HRTF data model with enhanced frequency diversity is
proposed in this work. The method proposed herein is developed
in the frequency domain and enhances the directional informa-
tion in the sound signal for efficient broad band sound source
localization even under conditions of low SNR. The directional
information is enhanced by cancelling the spectrum of the direct
sound source. Subsequently the sound source is localized using
a sub space based method. Binaural source localization experi-
ments are performed using HRIR from the CIPIC database and
the HRTFs recorded from a customized mannequin developed
using 3D printing technology. Experimental results on sound
source localization indicate a reasonable improvement in terms
of RMSE when compared to state of the art methods.

I. INTRODUCTION

Sound source localization has been investigated extensively
over the last decade using an array of sensors. Some of the
widely used techniques are correlation [1], [2], beamforming
[3], [4] and subspace [5], [6] based methods. Localization
has also been performed using different array configurations,
like linear [7], planar, and spherical arrays [8]. However, all
these techniques differ significantly from the binaural hearing
mechanism of the human ear [9], [10]. Conventional methods
of source localization utilize time delay of arrival between
sensors. On the other hand, the human ear utilizes both
time delay and direction dependent spectral cues present in
the received sound. The head, torso and asymmetrical shape
of outer ear called as pinna are responsible for providing
these spectral cues [11], [12]. Additionally, phenomena like
torso reflection, head diffraction and pinna reflections are
also involved in the complex process [13], [14], [15] of
binaural hearing in humans. This complex binaural hearing
mechanism is generally characterized by a directional filter and
is modelled by the Head Related Impulse Response (HRIR)
[16], [17]. Spectral representation of HRIR is called as Head
Related Transfer Function (HRTF). HRTF of the two human
ears together capture both inter aural time difference and inter
aural level difference [18] and can therefore be used in binaural
localization of sound sources.

A novel binaural source localization is proposed in this
work by utilising HRTF data model with enhanced frequency
diversity. A similar method has been proposed in [19]. A
broadband direction of arrival (DOA) estimation using spectral
cues provided by complex-shaped rigid bodies is also proposed
in [20]. In contrast to these methods, the proposed localization
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method is developed in the frequency domain. Additionally,
the proposed method enhances the frequency diversity and
directional information in the signal for efficiently localizing
broad band sources under low SNR. A frequency domain
formulation of the HRTF data model is first provided. The
directional information is not completely captured due to
limited frequency diversity provided by this model. Hence
a HRTF data model which enhances the frequency diversity
and directional information in a broad band source signal is
proposed next. The directional information is enhanced by
cancelling the spectrum of the direct sound source with no
directional information. The spectrum of direct sound source
with no directional information is obtained from an additional
sensor. Source localization is then performed using the pro-
posed HRTF data model and using a sub space based method
like MUSIC [5]. Binaural source localization experiments are
performed using HRIR from the CIPIC database [21] and the
HRTFs recorded from a customized mannequin developed at
IIT Kanpur. The results are reasonably better than state of the
art localization methods.

The rest of the paper is organized as follows. Section II
describes the development of the proposed HRTF model with
enhanced frequency diversity. Section III presents the ex-
perimental procedures and results of performance evaluation.
Section IV concludes the work.

II. A FRAMEWORK FOR BINAURAL SOURCE LOCALIZATION
USING HRTFs

In this section, a framework for sound source localization
utilizing a HRTF model with enhanced frequency diversity
is discussed. A frequency domain formulation of the HRTF
data model with limited frequency diversity is first provided.
Subsequently a HRTF data model which enhances directional
information in a broadband source signal is discussed. Source
localization is then performed using a subspace based method
like MUSIC [5].

A. The HRTF data model for source localization

Sound arriving from a particular direction as received at the
entrance of ear canal is given by,

yi(t) = W (Qpt) x s(t), i€ {l,r}, Qu= (040, (1)

where y!(t) and y"(t) represents the sound received
at left and right ear respectively. h'(f,,t) and h"(£,t)
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represents left and right HRIRs for an elevation angle 6,
and azimuth ¢,. s(¢) is the sound emitted from the source
and * is a convolution operator. However for processing
a broadband signal s(7), it needs to be decomposed into
equally spaced, non overlapping subband signals as [20], [22].

t—-T<r<t ()

oo
7 2 Sk

where, S(k,t) = 77 /th s(T)e

wo = 2w /T is the frequency spacing between subbands.
HRIRs h!(Q,,7) and h"(Q,,7) are time limited functions.
Hence the Fourier series representation of HRIRs is given by,
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From Equation 1, 2, and 4, y*(¢) can be expressed as,

where, HL(K') =

k t e]kwot

= > W

k=—o00

ie{l,ry (©

However, the subband representation of y*(7) is given by,

yi(r) = fk;mYlkteﬂ’W“ t—-T<7<t (7)
At 7 =t, Equation 7 can b%o rewritten as,
> Yk, t)edheot @®)
k=—o00
where, Y'(k,t) = %Yi(k,t) ie{l,r} )
From Equation 6 and 8, Y?(k,t) can be expressed as,
V(k,t) = Hy(k)S(k,t), ie{l,r} Vk (10)

Hence subband coefficients of the observed signal is equal
to the product of HRTF coefficients and subband coefficients
of source signal. In reality sound received at the ear canal also
contain the noise of the background environment. Therefore,
Equation 1 can now be expressed as,

y'(t) = R (Qy,t) x s(t) +n'(t) i€ {l,r} (11)

where n!(t) and n'(t) represents noise observed at left and
right ear respectively. Hence the subband representation of
observed signal can be given by,

Yi(k,t) = H\(k)S(k,t) + N'(k,t) k=1,.K
Y7 (k,t) = H; (k)S(k,t) + N"(k,t) k=1,.K

12)
13)

It may be noted that, Equation 12 and Equation 13 represent
an HRTF model for source localization and is comparable to
the standard data model in source localization. This model
is carried forward to develop an HRTF model with enhanced
frequency diversity in the ensuing section.

B. HRTF data model with enhanced frequency diversity

Binaural source localization is usually performed by ex-
ploiting the frequency diversity of the HRTFs embedded in
the observed signal spectrum. However from Equation 12 and
13 it is seen that, the directional information in the spectral
subbands of the observed signal is hidden due to the source and
noise spectra. In order to enhance the directional information
in the observed subbands, spectrum of the direct sound source
is cancelled using an additional sensor. This additional sensor
captures the free field response of the source signal with delay
t, and noise components as given in Equation 14.

y*(t)

where y®(t) represent observed signal at the additional sensor
and n®(t) is the noise observed at additional sensor. The
directional information in the observed subband spectrum is
enhanced by utilizing the subband spectrum obtained from the
additional sensor as,

=s(t —t,) + n(t) (14)

5 Yik,t) - Y7 (k,t)
l _ ’ T _ )
Yi(k,t) = Yol t) Y7 (k,t) = etk o) vk (15)
where, Yk, t) = S(k,t)e Ikwote L NO(E,t)  (16)

After substituting Equation 12 and 13 in Equation 15 we have,

Vi(k,t) = HL(k)S(k,t) + N'(k,t) k=1,.K (17
Y7 (k,t) = Hl (k)S(k,t) + N"(k,t) k=1,.K (18)
X S(k,t
where, S(k,t) = STk t)ejk‘*(’vto:—N“(k ) and, (19)
Ni(k,t) = Nk, t) ie{l,r} (20)

S(k, t)ye—Fwoto + No(k, 1)

It can be observed from Equation 19 that, if the delay term is
cancelled and under low noise assumption at additional sensor,
the observed subband coefficients consist of the directional
component H((k) and noise Ni(k,t). As the noise level
at additional sensor increases, directional component in the
observed subband coefficients is decreased and thus decreases
the localization performance. Delay term e~7%«oto is cancelled
in Equation 23, which is described in Section II-C.

The new observed subband coefficients of left and right
ear as given in Equation 17 and 18, are concatenated and
expressed as a matrix form. This results in a HRTF data model
with enhanced frequency diversity. This HRTF model can now
be written as,

Yorx1 =DgSkx1 + Nagxi 21
S(K, )T

YUK, ) YK, 1)

NUE,t) NT(K,0)"

Y = [Yi(1,t) Y7
N = [N!(1,1)
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H(1) 0 0
H)(1) 0 .. 0
0 H2).. 0
0 HJ2.. 0
and,Dq = 0 0o ... . (22)
. . HL(K)
0 0 ..HJ(K)]

The final HRTF data model as given in Equation 21 is
similar to a standard data model used in source localization.
Hence the MUSIC method can be used for source localization
in this context. Binaural source localization using MUSIC is
discussed in the ensuing section.

C. Binaural source localization using subspace based methods

For uncorrelated source and noise subband coefficients,
the covariance of the observed subband coefficients can be

decomposed in to two orthogonal subspaces as given below |

[5].

R £ E{YY"} = DgA{DY + D ADY  (23)

where E{-} is the expectation operator. It may be noted from
Equation 23 that, in YY¥, the exponential term e~7kwoto
present in the source component S”(k:, t) is cancelled due to
multiplication with its conjugate under the condition of zero
noise at additional sensor. In Equation 23, it can be noted that
the noise subspace of the covariance matrix R is orthogonal
to the underlying HRTF at the direction of arrival. Hence the
source position is identified as that direction 2, for which
P(Q,) will have a peak value [19]. P(9,) is calculated as,

d, (k HPNd N

{Z 4, (F)7d, (b) }
where Py = DNDN
D

(24)

and dq(k) is the k' column of matrix
0
III. EXPERIMENTS ON SOURCE LOCALIZATION

In this section, performance of the proposed localization
method is investigated. Localization experiments are per-
formed using HRIRs from CIPIC database first. Subsequently
localization experiments are conducted on a customized man-
nequin developed at IIT Kanpur (MIPS Mannequin). Results
obtained are compared with existing binaural source localiza-
tion techniques.

A. Experiments on CIPIC Database

Performance of the proposed technique is evaluated using
HRIR from the CIPIC database. CIPIC contains HRIRs for
45 subjects and 1250 directions in the 3D space. CIPIC
HRIRs were recorded at an elevation resolution of 5.625°
following interaural polar coordinate system. Using CIPIC
database proposed technique is evaluated. Spatialized sound
is synthesized by convolving a broadband sound signal (chirp

BW| SNR | 5dB | 10dB | 20dB
100-1KHz | 0.027 | 0.010 | 0
1-2KHz 0.209 | 0.041 | O
2-3KHz 0.173 | 0.050 | O
3-4KHz 0.296 | 0.164 | 0
4-5KHz 0.295 | 0.102 | O
5-6KHz 0.297 | 0.297 | 0.051
6-7KHz 0.297 | 0.147 | 0
7-8KHz 0.297 | 0.297 | 0.134
8-9KHz 0.297 | 0.278 | 0.002
TABLE 1

RMSE FOR VARIOUS SOURCE BANDWIDTHS AT DIFFERENT SNR LEVELS
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Fig. 1. Scatter plots of estimated and actual elevation angles for various
source bandwidths

signal) with HRIRs of any particular elevation and azimuth
angle from CIPIC database. This spatialized signal added with
an uncorrelated noise is considered as an observation signal.
Since the length of HRIRs in CIPIC database is 200 samples,
subband extraction of observed and additional sensor signal is
performed on frames of 200 samples. The continuous repre-
sentations given in Equation 3 and 5 are computed by using
their discrete versions over a fixed period. Covariance matrix
is computed for observed subband coefficients at different time
snapshots. Eigen value decomposition of covariance matrix is
performed to obtain the eigen vectors corresponding to noise
subspace. Source direction is then computed by identifying a
peak in P(Qq) computed using Equation 24.

Performance of the proposed method is evaluated using total
root mean square error (TE) as given below.

e

i=1j=1 \ I=1

01 — 04)2 + (dj1 — d1)?,
. (25)
& b, du € (—m/2,7/2)

where, M and N are total number of azimuthal and elevation
angles respectively and L is the number of iterations performed
in estimating elevation 9;; and azimuth qi);-l. RMSE is computed
using chirp signal as a source of various bandwidths and
at different SNR levels as enumerated in Table I. It has to
be noted that observed signal bandwidth depends on source
signal bandwidth. Hence RMSE results of Table I indicate
the performance due to the localization cues present in the

where, 0,0 € (—m, )
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Fig. 2. (a) Figure Illustrating (a) MIPS mannequin in anechoic chamber (b) Sound source placed at different elevation angles in the median plane (c) Total

RMSE for the HRIRs measured using MIPS mannequin
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Fig. 3. Total RMSE for various source bandwidth and SNR utilizing CIPIC
database

observed signal for that corresponding bandwidth. It can be
observed from Table I that, spectral cues present in the lower
frequencies (100 Hz to 2 KHz) provide best localization per-
formance. Performance due to individual directions for various
bandwidths is illustrated in Figure 1. It can be observed that
estimated elevation angle matches with actual elevation angle
for most of the directions, especially in the lower frequencies.
It must be noted that horizontal plane localization between
—90° and 90° is performed using time delay techniques [2].
Since the conventional techniques cannot perform elevation
identification using just three sensors, results are explicitly
described for elevation angles ranging from —45° and 225°.

Experiments are then performed with a chirp signal by
successively increasing source bandwidth of 1000 Hz at each
step by retaining the lower cut of frequency at 100 Hz. RMSE
obtained for various bandwidths and SNR is plotted in Figure
3. It can be observed from Figure 3 that, RMSE decreases
as SNR and bandwidth increases. This implies that binaural
source localization performance is better for a broadband
source when compared to a narrowband source. This is so
because when sound source is broad band, the observed signal
will have more spectral cues as compared to narrow band
source. The proposed technique is compared with Inverse filter
based localization [23] and Subband BSL [19]. It can be seen
from Figure 4 that, the proposed technique has lower RMSE
when compared to the above mentioned techniques.
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Fig. 4. Total RMSE for various SNR for a source bandwidth of 100Hz-
9000Hz utilizing CIPIC Database.

B. Experiments on MIPS-Mannequin

A dummy mannequin developed with customized 3D
printed ears at MIPS Lab, IIT Kanpur is used to measure
the HRIR. The experimental conditions for measuring HRIR
is first described. Subsequently experiments on median plane
binaural source localization are performed for various source
locations with 30° elevation resolution.

1) Experimental Conditions: Experiments are also per-
formed on MIPS-mannequin. MIPS-mannequin is a head
and torso setup of size equating to a average man. MiPS-
mannequin is developed using a styrofoam based head and
fibre glass based torso. The left and right ear of MIPS-
mannequin are manufactured using Silicone material and 3D
printing technology. HRIRs are measured for mannequin with
MLS as the excitation signal, using M-Audio miniature mi-
crophones (M1255) of diameter 12mm. A 2.1 JBL voyager
system is used as a sound source. Experiments are performed
in an anechoic chamber of size 5m x 5m x 3m. The complete
setup is illustrated in Figure 2a. HRIR measurement is per-
formed by placing sound source at different locations in the
median plane with 30° elevation resolution. A 1024 sample
pseudo random MLS sequence is excited with source. HRIRs
are extracted from the recorded signals using deconvolution
technique as mentioned in [24], [25], [26].

2) Performance Evaluation: A broadband sound signal
response (chirp signal) is recorded by placing sound source
at an elevation of 30°, 60°, —30°, 120°, 150°, and —150°
successively in the median plane. The same microphone
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0 b 30° | =30° | 150° | —150° | 60° | 120°
30° 91 2 8 0 0 0
—-30° 0 86 0 14 0 0
150° 22 |0 77 1 0 0
—150° 1 8 2 89 0 0
60° 0 0 0 0 92 | 8
120° 0 0 0 0 11 | 89
TABLE 11

CONFUSION MATRIX FOR BROAD BAND SOURCES LOCATED AT ELEVATION
ANGLES 30°,—30°,150°,—150°,60°,120°.

speaker setup as used for HRIR measurement is used herein.
This is illustrated in Figure 2b where each speaker indicates
the position of the source. Azimuthal angle is estimated using
the time delay techniques [2] and elevation angle is estimated
using the proposed technique. The estimated elevation angle
is compared with the ground truth for 100 time snapshots
and tabulated as shown in Table II. It can be observed that,
estimated elevation angle matches with the actual elevation
angle except in a few instances. This confusion is mainly due
the unavailability of spectral cues in specific time shots. Total
RMSE is plotted for various SNRs as shown in Figure 2c. It
can be observed that the proposed technique as lower error
compared to the Inverse filter technique [23] and Subband
BSL [19]. This improvement in performance is mainly due to
enhanced frequency diversity provided by the proposed HRTF
data model.

IV. CONCLUSION

This work proposes a HRTF data model for binaural source
localization with enhanced frequency diversity. The proposed
HRTF data model enhances the frequency diversity and direc-
tional information in a broadband source signal by utilizing an
additional sensor. It may be noted that the method is able to
effectively localize the source in the median plane in contrast
to conventional methods of source localization. However, the
localization performance is found to depend on the bandwidth
of the sound source. Sources with higher bandwidth provide
better directional information when compared to sources with
lower bandwidth. Future work will investigate issues related
to the resolution of closely spaced sources and computational
complexity.
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