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Real-time Super-resolution Sound Source Localization for Robots
Keisuke Nakamura, Kazuhiro Nakadai, and Gökhan Ince

Although GEVD-MUSIC has such an advantage in noiserobustness, it has mainly two issues:
1) The resolution of pre-measured Transfer Functions
(TFs) between a directional sound source and microphones decides that of SSL.
2) MUSIC algorithms are computationally expensive for
subspace decomposition and high resolution SSL.
Issue 1) stems from the utilization of natural pre-measured
TFs. The resolution of pre-measured TFs decides the resolution of SSL, and measurements of fine resolution are
time consuming. To obtain fine resolution without fine measurements, one simple solution would be a numerical TF
calculation using geometric information of a microphone
array, known as a numerical method which implicitely assumes that microphones are in a free space. However, the
accuracy of numerical methods is not sufficient because a
robot-embedded microphone array is attached to a complex
robot surface not in a free space, which includes high-order
reflections at several different materials. Several numerical
methods adaptable for a robot-embedded microphone array
have high computational cost [3-4], which are not suitable
for real-time SSL. The better solution would be interpolating
pre-measured TFs to obtain TFs with any desired resolution,
that is, an interpolation method. Since interpolation methods
include a complex robot surface in pre-measured TFs, they
are suitable for robots. Reported interpolation methods are
divided into two categories: all-points methods and adjacentpoints methods. The all-points methods [5-10] utilize all the
known TFs to estimate a TF, which cause low estimation
errors. However, their algorithm still has difficulties in realtime processing. On the other hand, the adjacent-points methods [11-13] utilize only the two closest pre-measured TFs
from the estimated point. Therefore, they have advantages
in terms of real-time processing, and are suitable for robot
audition. The estimation error is not sufficiently small since
the calculation relies on two adjacent TFs.
Issue 2) has two main points. First, the subspace decomposition in MUSIC algorithms, namely SEVD in SEVDMUSIC and GEVD in GEVD-MUSIC, increases the computational cost dramatically and still has difficulties in real-time
operation especially in a frame-by-frame manner. Secondly,
SSL for higher resolution needs more time to calculate a
spatial spectrum and search peaks of the spectrum. For robot
audition, we need to achieve both high resolution and realtime processing simultaneously.
The purpose of this paper is to realize SSL solving these
issues and apply the SSL to a robot in a real environment.
For Issue 1), we propose TF interpolation based on the
integration of Frequency- and Time-Domain Linear Inter-

Abstract— Sound Source Localization (SSL) is an essential
function for robot audition and yields the location and number
of sound sources, which are utilized for post-processes such as
sound source separation. SSL for a robot in a real environment
mainly requires noise-robustness, high resolution and real-time
processing. A technique using microphone array processing,
that is, Multiple Signal Classification based on Standard EigenValue Decomposition (SEVD-MUSIC) is commonly used for
localization. We improved its robustness against noise with high
power by incorporating Generalized EigenValue Decomposition
(GEVD). However, GEVD-based MUSIC (GEVD-MUSIC) has
mainly two issues: 1) the resolution of pre-measured Transfer
Functions (TFs) determines the resolution of SSL, 2) its computational cost is expensive for real-time processing. For the first
issue, we propose a TF interpolation method integrating timedomain-based and frequency-domain-based interpolation. The
interpolation achieves super-resolution SSL, whose resolution
is higher than that of the pre-measured TFs. For the second
issue, we propose two methods, MUSIC based on Generalized Singular Value Decomposition (GSVD-MUSIC), and
Hierarchical SSL (H-SSL). GSVD-MUSIC drastically reduces
the computational cost while maintaining noise-robustness in
localization. H-SSL also reduces the computational cost by
introducing a hierarchical search algorithm instead of using
greedy search in localization. These techniques are integrated
into an SSL system using a robot embedded microphone array.
The experimental result showed: the proposed interpolation
achieved approximately 1 degree resolution although we have
only TFs at 30 degree intervals, GSVD-MUSIC attained 46.4%
and 40.6% of the computational cost compared to SEVDMUSIC and GEVD-MUSIC, respectively, H-SSL reduces 59.2%
computational cost in localization of a single sound source.

I. I NTRODUCTION
Since a robot should work in a real environment, robot audition is essential for human-robot interaction. Sound Source
Localization (SSL) in robot audition tells us the location
and number of sound sources, which are utilized for other
robot audition functions such as sound source separation.
Since SSL affects the performance of a whole robot audition
system drastically, it has been studied widely.
Since robots should work in real-time and localize sound
sources in a noisy environment, SSL for robots mainly requires: noise-robustness, high-resolution, and real-time processing. To solve the first problem, we previously extended
Multiple Signal Classification (MUSIC) based on Standard
EigenValue Decomposition (SEVD-MUSIC [1]) by incorporating Generalized EigenValue Decomposition (GEVD),
called GEVD-MUSIC [2]. The method successfully realized
localization of target sources under noise with high power.
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where Âm[ψ1 ,ψ2 ] (ω , ψ̂ ) is an interpolated TF of the m-th
microphone at ψ̂ using Am (ω , ψ1 ) and Am (ω , ψ2 ). DA ∈ R
represents an interpolation factor, which is 0 ≤ DA ≤ 1.
A[ψ1 ,ψ2 ] (ω , ψ̂ ) is obtained as follows:
In TDLI [13], Â
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Âm[ψ1 ,ψ2 ] (ω , ψ̂ ) = Am (ω , ψ2 )(Am (ω , ψ1 )/Am (ω , ψ2 ))DA . (2)

(b) TDLI
Intuitive image of interpolation

Fig. 1 shows the intuitive image of the TF interpolation by
FDLI and TDLI, respectively. Both FDLI and TDLI can interpolate transfer functions between A (ω , ψ1 ) and A(ω , ψ2 )
continuously in a short time by the factor DA . Previously, we
evaluated their interpolation errors based on amplitude and
phase [14] and found that FDLI and TDLI have problems in
estimating amplitude and phase, respectively.

polation (FTDLI), which is based on an adjacent-points
method in consideration of real-time interpolation. This is the
extension of a correlation matrix interpolation for TFs [14].
Namely, two interpolation methods for estimating amplitude
and phase are integrated. The integration improves the interpolation accuracy for both amplitude and phase of TFs.
By FTDLI, we can generate TFs with the desired resolution
and achieve super-resolution SSL, where the super-resolution
represents the resolution exceeding that of pre-measured TFs.
For Issue 2), we first extended GEVD-MUSIC [2] to
utilize Generalized SingularValue Decomposition (GSVD),
which is hereinafter called GSVD-MUSIC. The extension
not only maintains the noise-robustness in GEVD-MUSIC
but also reduces the computational cost enormously. Secondly, we introduced Hierarchical SSL (H-SSL) based on
a coarse-to-fine approach [15]. It roughly localizes sound
sources using the pre-measured TFs, and consequently it precisely localizes the sound source again around the estimated
location using interpolated TFs. By this extension, H-SSL
first assures the resolution of SSL with pre-measured TFs,
and it can improve using the interpolated TFs afterwards.
H-SSL allows performing super-resolution SSL in real-time.
The rest of the paper is organized as follows: Section II
explains the details of TF interpolation by FTDLI for Issue
1). Section III gives a brief introduction of SEVD-MUSIC
and GEVD-MUSIC, and describes GSVD-MUSIC and HSSL to solve Issue 2). Section IV shows the system structure.
Section V evaluates the techniques used in the system, and
Section VI concludes this paper.

B. Frequency- and Time-Domain Linear Interpolation
With respect to the idea of the correlation matrix interpolation [14], we extended the method for TF interpolation.
Namely, we integrated the phase interpolation result of FDLI
and the amplitude interpolation result of TDLI in order to
achieve the best interpolation performance. FDLI and TDLI
are integrated by the following steps:
1) Take two interpolation results from Eq. (1) and Eq. (2).
Here, Âm[ψ1 ,ψ2 ] (ω , ψ̂ ) in Eq. (1) and Eq. (2) are redefined as Âm[F|ψ1 ,ψ2 ] (ω , ψ̂ ) and Âm[T|ψ1 ,ψ2 ] (ω , ψ̂ ), respectively.
2) Decompose Âm[F|ψ1 ,ψ2 ] (ω , ψ̂ ) and Âm[T|ψ1 ,ψ2 ] (ω , ψ̂ ) into
phase and gain.
Âm[F|ψ1 ,ψ2 ] (ω , ψ̂ ) = λm[F] exp(− jω tm[F] )

(3)

Âm[T|ψ1 ,ψ2 ] (ω , ψ̂ ) = λm[T] exp(− jω tm[T] )

(4)

3) Calculate Âm[ψ1 ,ψ2 ] (ω , ψ̂ ) as follows:
Âm[ψ1 ,ψ2 ] (ω , ψ̂ ) = λm[T] exp(− jω tm[F] ) .

(5)

For SSL, Âm[ψ1 ,ψ2 ] (ω , ψ̂ ) in Eq. (5) will be later utilized as
A (ω , ψ ) in Eq. (7). Then, we can select a desired resolution
in SSL depending on the resolution of DA in Eq. (1) and
Eq. (2).

II. T RANSFER F UNCTION I NTERPOLATION U SING FTDLI

III. SSL

To solve the first issue discussed in Section I, FTDLI is
described to obtain TFs with the desired resolution for superresolution SSL.

WITH

GSVD-MUSIC AND H-SSL

To solve the second issue, this section investigates computational cost reduction by using GSVD-MUSIC and H-SSL.
This section first gives a brief introduction of SEVD-MUSIC
[1] and GEVD-MUSIC [2]. Afterwards, we describe details
of GSVD-MUSIC and H-SSL.

A. Related Work
Here, Frequency Domain Linear Interpolation (FDLI) [6],
[11], [12] and Time Domain Linear Interpolation (TDLI) [13]
are explained.
Let A (ω , ψ1 ) = [A1 (ω , ψ1 ), . . . , AM (ω , ψ1 )]T ∈ CM and
A (ω , ψ2 ) = [A1 (ω , ψ2 ), . . . , AM (ω , ψ2 )]T ∈ CM denote premeasured TFs between a microphone array and sound
sources, in other words, steering vectors in SSL. M is the
number of microphones, ψ1 and ψ2 are directions of the premeasured TFs, and ω represents frequency. Our objective is
to estimate A (ω , ψ̂ ) by interpolation, where ψ̂ is the direction
of an estimated point, which is ψ1 < ψ̂ < ψ2 . FDLI [6] in
the frequency domain interpolates a TF by:

A. SEVD-MUSIC and its Extension to GEVD-MUSIC
In advance of SSL, we need TFs (steering vectors), namely
A (ω , ψ ). In Section II, we obtained A (ω , ψ ) for a desired
interval of ψ by measurements and interpolation.
In SSL, we first compute a correlation matrix of multichannel input acoustic signals, denoted by R (ω , f ) ∈ CM×M .
SEVD-MUSIC [1] performs SEVD of R (ω , f ) to decompose
signal space into noise- and signal-subspaces as follows:
Λ(ω , f )E
E −1 (ω , f )
R (ω , f ) = E (ω , f )Λ
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(6)

Multi-channel input acoustic signal
Short Time Fourier Transform :

X (ω , f )

Noise
N (ω , f )
Database

Correlation Matrix for X (ω , f ) :
1 TR −1
R (ω , f ) =
∑ X (ω , f + τ R ) X * (ω , f + τ R )
TR τ R =0

Correlation Matrix for Noise :
1 TK −1
K (ω , f ) =
∑ N (ω , f + τ K ) N * (ω , f + τ K )
TK τ K =0
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STF Selection for h-SSL :

STF interpolation by FTDLI :
Narrow-band Spatial Spectrum :
ˆ
A
(ω ,ψˆ ) = λm[T ] exp(− jωt m[ F ] )
| A* (ω ,ψ ) A(ω ,ψ ) |
A(ω ,ψˆ ) A(ω ,ψˆ ) = m[ψ ,ψ ]
P(ω ,ψ , f ) = M
*
ˆ
A
(ω ,ψˆ ) = λm[T ] exp(− jωt m[ F ] )
∑m= L −1| A (ω ,ψ )em (ω , f ) |
m[ψ
,ψ ]
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Broad-band Spatial Spectrum :
ωH
1
P (ψ , f ) =
∑ P(ω ,ψ , f )
ω H − ω L + 1 ω =ω L

ψ

SSL result ψ in the frame f
Fig. 2.
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Decision of new search range and resolution
Range : ψ [l − ] ≤ ψˆ ≤ ψ [l + ] for all 1 ≤ l ≤ Ls
Resolution : δψ

A∗ (ω , ψ )A
A(ω , ψ )|
|A
,
∗
M
A (ω , ψ )eem (ω , f )|
∑m=Ls +1 |A

•

The eigenvectors are not mutually orthogonal since
R(ω , f ) is not hermitian, which eventually
K −1 (ω , f )R
degrades the SSL performance.
To solve these problems, this paper extends Eq. (9) to utilize
the following GSVD:
R(ω , f ) = E l (ω , f )Λ
Λ(ω , f )E
E ∗r (ω , f ) ,
K −1 (ω , f )R

(7)

kh
1
P(ω[k] , ψ , f ) ,
∑
kh − kl + 1 k=k

(8)

l

where kh and kl are the frequency bin indices, which
represent the maximum and minimum frequency for SSL,
respectively.
GEVD-MUSIC [2] extends Eq. (6) to perform GEVD as:
R(ω , f ) = E (ω , f )Λ
Λ(ω , f )E
E ∗ (ω , f ) ,
K −1 (ω , f )R

(11)

where E l (ω , f ) and E r (ω , f ) are left- and right-singular
vectors, respectively, which are unitary and are mutually
orthogonal. E l (ω , f ) is used instead of E (ω , f ) in Eq. (6).
The calculation cost of Eq. (11) is less than that of Eq. (9),
which is evaluated in Section V.
We note the following aspects in GSVD-MUSIC. First,
GSVD-MUSIC is equivalent to the following GEVDMUSIC:
R 2 e m = λm K 2 e m
(12)

where Ls is the number of sound sources considered in SSL.
For the Direction of Arrival (DoA) estimation, we accumulate
P(ω , ψ , f ) in Eq. (7) over ω as follows:
P̄(ψ , f ) =

Coordinates for SSL

Super-resolution SSL system working in real-time

and
where
Λ (ω , f ) = diag(λ1 (ω , f ), . . . , λM (ω , f ))
E (ω , f ) = [ee1 (ω , f ), . . . , e M (ω , f )] are eigenvalues and
vectors, respectively. Here, e m (ω , f ) is sorted in order of
λm (ω , f ) (1 ≤ m ≤ M).
The spatial spectrum for SSL is determined by
P(ω , ψ , f ) =

Fig. 3.

This indicates that the eigenvectors are mutually orthogonal,
which improves SSL performance compared to GEVDMUSIC[2].
Secondly, GSVD-MUSIC is equivalent to SEVD-MUSIC
when K = I , where I ∈ CM×M is an identity matrix. This
means that we can reduce the calculation cost of SEVDMUSIC with GSVD-MUSIC since GSVD is less computationally demanding than SEVD.

(9)

where K (ω , f ) is a freely designable correlation matrix and
can be utilized for various purposes. For instance, when high
power noise N (ω ) exists, K (ω , f ) is designed as K (ω , f ) =
N ∗ (ω ), which whitens the noise-related eigenvalues.
N (ω )N
B. GSVD-MUSIC

C. H-SSL for Fast Super-resolution SSL

Theoretically, the GEVD of K (ω , f ) and R (ω , f ) can be
equivalently described as the following SEVD:

Although we can obtain fine TFs by using FTDLI, superresolution SSL is computationally expensive. Therefore, it is
not suitable for real-time processing for robot application.
To solve the issue, we introduce H-SSL.
In GSVD-MUSIC, P(ω , ψ , f ) as in Eq. (7) and P̄(ψ , f )
as in Eq. (8) are ψ -dependent processes. Namely, in these
processes, finer Âm[ψ1 ,ψ2 ] (ω , ψ̂ ) increases the calculation cost
linearly.
In H-SSL, we reduced the number of processed TFs while
maintaining the resolution by the following steps:

R(ω , f )K
K − 2 (ω , f ) = E (ω , f )Λ
Λ(ω , f )E
E ∗ (ω , f ) .
K − 2 (ω , f )R
(10)
In [2], Eq. (9) is considered as the GEVD instead of Eq. (10)
1
since it whitens noise without calculating K − 2 (ω , f ), which
has a large calculation cost. However, Eq. (9) has the
following problems:
• The SEVD still has a large calculation cost for frameby-frame localization working in real-time.
1
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Interpolation error and the linearity of DA for PEE, SD, SDR using TF of a robot-embedded microphone array

1) Conduct SSL with rough pre-measured TFs and search
peaks of spatial spectrum in Eq. (8). Let ψ [l] be the
direction that has the l-th largest P̄(ψ , f ), where l is
the index of sound sources (1 ≤ l ≤ Ls ).
2) Take two closest ψ from ψ [l] , which are denoted as
ψ [l−] and ψ [l+] . Suppose ψ [l−] < ψ [l] < ψ [l+] .
3) Generate Âm[ψ [l−] ,ψ [l] ] (ω , ψ̂ ) and Âm[ψ [l] ,ψ [l+] ] (ω , ψ̂ ) by
Eq. (5) depending on a given finer resolution.
4) Conduct SSL again only with Âm[ψ [l−] ,ψ [l] ] (ω , ψ̂ ) and
Âm[ψ [l] ,ψ [l+] ] (ω , ψ̂ ), and search peaks of Eq. (8).
The upper layer of the hierarchical process is for broad
localization, while the lower layer provides finer localization.
In this sense, SSL with H-SSL follows coarse-to-fine [15]
localization, giving rough SSL results first, followed by fine
SSL results.

ē[ψ1 ,ψ2 ] =

1
iψ

iψ

1

kh

∑ kh − kl + 1 ∑

i=1

f[ψ1 ,ψ2 ] (ω[k] , ψ̂[i] ) ,

(13)

k=kl

where f[ψ1 ,ψ2 ] (ω[k] , ψ̂[i] ) is the estimation error for specific ψ̂ and ω . kl and kh are defined as the same as
Eq. (8) with the frequency band 500[Hz] ≤ ω ≤ 2800[Hz].
iψ represents the number of ψ̂ we conducted interpolation.
For ψ̂ , we utilized all ψ of the pre-measured A (ω , ψ ) =
[A1 (ω , ψ ), . . . , AM (ω , ψ )]T in the range of ψ1 < ψ < ψ2 .
We evaluated three kinds of f[ψ1 ,ψ2 ] (ω[k] , ψ̂[i] ) in Eq. (13).
The first criterion is the summation of normalized innerproduct of all channels:
M
Am (ω , ψ̂ ) · Âm[ψ1 ,ψ2 ] (ω , ψ̂ )
− 1 , (14)
f1[ψ1 ,ψ2 ] (ω , ψ̂ ) = ∑
m=1 |Am (ω , ψ̂ )||Âm[ψ1 ,ψ2 ] (ω , ψ̂ )|
which represents the Phase Estimation Error (PEE).
The second criterion is the summation of Spectral Distortion (SD) of all channels calculated as follows:
M
|Âm[ψ1 ,ψ2 ] (ω , ψ̂ )|
f2[ψ1 ,ψ2 ] (ω , ψ̂ ) = ∑ 20 log
,
(15)
|Am (ω , ψ̂ )|
m=1

IV. S YSTEM S TRUCTURE
Fig. 2 shows the system structure to achieve superresolution SSL working in real-time. All blocks explained
above were implemented to a robot located in a normal
room whose reverberation time was 0.2 seconds. Fig. 3
shows the coordinate system for ψ . We have utilized an 8ch circular microphone array embedded in the robot’s head
and measured the TFs A (ω , ψ ) at every 1◦ , which were
obtained by time-stretched pulse recording. The acoustic
signal was sampled with 16 kHz and 16 bits. The window
and shift length for frequency analysis were set to 512 and
160 samples, respectively. All the proposed functions were
implemented as modules for robot audition software HARK
[16]. The system worked in real-time with a laptop having
a 2.0 GHz Intel Core i7 CPU and 8GB SDRAM running
Linux.

which shows the amplitude estimation performance.
The third criterion is the summation of Signal-toDistortion Ratio (SDR) of all channels calculated as follows
1:
2
M |A (ω , ψ̂ ) − Â
m
m[ψ1 ,ψ2 ] (ω , ψ̂ )|
f3[ψ1 ,ψ2 ] (ω , ψ̂ ) = ∑
, (16)
|Am (ω , ψ̂ )|2
m=1
which represents the total estimation performance. Let
ē1[ψ1 ,ψ2 ] , ē2[ψ1 ,ψ2 ] , and ē3[ψ1 ,ψ2 ] denote ē[ψ1 ,ψ2 ] of PEE, SD,
and SDR, respectively.
We also evaluatedvthe linearity of DA calculated by
ui 

ψ
ψ̂[i] − ψ2 2
1u
t
¯
d[ψ1 ,ψ2 ] =
(17)
∑ DA[i] − ψ1 − ψ2 ,
iψ i=1

V. E XPERIMENTAL VALIDATION
A. Error of TF interpolation Using FTDLI

where DA[i] denotes DA having the smallest f[ψ1 ,ψ2 ] (ω[k] , ψ̂[i] )
for each ψ̂[i] . A small d¯[ψ1 ,ψ2 ] means DA is close to ψψ̂1−−ψψ22 , being utilized for practical interpolation. Let d¯1[ψ1 ,ψ2 ] , d¯2[ψ1 ,ψ2 ] ,
and d¯3[ψ1 ,ψ2 ] denote d¯[ψ1 ,ψ2 ] of PEE, SD, and SDR, respectively.

We evaluated the estimation errors of three interpolation
methods, namely FDLI, TDLI, and FTDLI. We took the difA[ψ1 ,ψ2 ] (ω , ψ̂ ) and pre-measured
ference between estimated Â
A (ω , ψ ). ψ1 was fixed at 0◦ , and ψ2 = {30◦ , 60◦ , 90◦ , 120◦ }
A[ψ1 ,ψ2 ] (ω , ψ̂ ) was estimated at every 1◦ . We
was used. Â
averaged the estimated errors for ω and ψ . The averaged
error, ē[ψ1 ,ψ2 ] , was calculated as:

1 We have inverted the original SDR discussed in [6] since it shows the
best estimation performance with f[ψ1 ,ψ2 ] (ω , ψ̂ ) = 0.
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Fig. 4 shows the comparison of the average errors, namely
ē1 , ē2 , and ē3 , and their linearity of DA , namely d¯1 , d¯2 , and
d¯3 , respectively. The horizontal axis in all the figures shows
the difference between ψ1 and ψ2 for the interpolation.
FTDLI achieved as small ē1 as FDLI and achieved as small
ē2 as TDLI thanks to the integration. As a result, it had the
smallest ē3 . Also, FTDLI showed the smallest d¯1 , d¯2 , and
d¯3 . Thus, FTDLI has advantages in both high accuracy and
intuitive parameter determination.
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SEVD-, GEVD-, and GSVD-MUSIC methods was 11.9ms,
13.6ms, and 5.52ms, respectively. Clearly, GSVD-MUSIC
showed considerable improvement in the computational
cost compared to SEVD-MUSIC (approximately two times
faster). Since the frame period was 10ms, only GSVDMUSIC was able to work in real time in a frame-by-frame
manner.
Finally, we confirmed that GSVD-MUSIC was the best
method in terms of both noise-robustness and computational
efficiency.

B. Noise-robustness and computational cost comparison
among SEVD-, GEVD-, GSVD-MUSIC
In the experiment, there were a target sound (white noise)
and a noise source (robot’s fan noise) 1m away from the
microphone array in the directions of 60◦ and 180◦ , respectively. A (ω , ψ ) of ψ = {−175◦ , −170◦ , ..., 180◦ } were used.
Hence, the resolution of SSL was 5◦ .
We evaluated the relationship between Signal-to-Noise Ratio (SNR) and SSL correct rate. SNR is defined as follows2 :
1) Calculate the average spectrum of M-ch input acoustic signals defined as Xsa (ω ). The Power Spectrum
Density (PSD) of Xsa (ω ) is derived as Psa (ω ) =
1
∗
kwl Xsa (ω )Xsa (ω ), where kwl is a window length.
2) Determine the PSD of the noise source Pna (ω ) by using
the same process as 1.
3) Calculate the SNR for each frequency bin, and we
normalized the SNR of the bins between kh and kl as:
!
kh P (ω )
1
sa
[k]
SNR = 10 log10
∑ Pn (ω[k] ) , (18)
kh − kl + 1 k=k
a

C. Computational cost of H-SSL
We compared the computational cost of SSL with and
without H-SSL as explained in Section III-C. Same as
Section V-B, we conducted SSL over 1000 frames for each
method and measured the averaged processing time for only
Eqs. (6)-(8). For SSL without H-SSL, A(ω , ψ ) of 1◦ intervals
were used for higher resolution. For H-SSL, A(ω , ψ ) of 10◦
intervals were used as pre-measured TFs, and we conducted
FTDLI to generate Âm[ψ1 ,ψ2 ] (ω , ψ̂ ) of 1◦ intervals. Thus,
these two SSLs have the same resolution.
Table I shows the average processing time for SSL with
and without H-SSL. The table includes the change of Ls
in Eq. (7), which affects the hierarchical process. H-SSL
reduced the processing time approximately half regardless
of Ls , which shows the validity of H-SSL.

l

where kh and kl are defined the same as those in Eq. (8).
The frequency range was from 500Hz to 2800Hz.
The SSL correct rate was defined as the number of frames
whose highest peaks in Eq. (8) were in the direction of the
target sound source (60◦ ) in 100 frames.
Fig. 5 shows the result. The horizontal axis shows SNR,
and the vertical axis shows the SSL correct rate. The dotted-,
chained-, and solid-line show the result of SEVD-MUSIC,
GEVD-MUSIC, and GSVD-MUSIC, respectively.
GSVD-MUSIC shows better performance than both
GEVD- and SEVD-MUSIC. This means that GSVD can
obtain mutually-orthogonal signal and noise subspaces.
The computational cost of each method was also evaluated. We conducted SSL over 1000 frames for each method
and measured the averaged processing time for only Eqs. (6)(9), and (11). As a result, the average processing time for

D. Applicability of the proposed methods to SSL for a robot
We applied GSVD-MUSIC, FTDLI and H-SSL to SSL
by our robot-embedded microphone array. We evaluated our
methods by using two measures: 1) Error of DoA estimation
towards a sound source in fixed position, 2) SSL performance
towards a dynamic sound source.
1) SSL for a Sound Source in Fixed Position: This
section compares the error of DoA estimation towards a
stationary sound source using different interpolation methods. We have recorded white noise by every 1◦ of ψ
(−90◦ ≤ ψ ≤ 90◦ ). We localized the white noise and took
the average error between estimated and recorded DoA of
the white noise. We assume having A (ω , ψ ) at the intervals
of ψ = {1◦ , 5◦ , 10◦ , 30◦ , 60◦ , 90◦ , 120◦ }. By interpolation,
A[ψ1 ,ψ2 ] (ω , ψ̂ ) of 1◦ intervals was estimated so that we can
Â
correctly localize the sound source.

2 This definition is the same as that in [17]. This paper includes the result
of GSVD-MUSIC.
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30

fast SSL with any desired resolution, we focused on two
issues, pre-defined resolution based on the resolution of
measurements, and high computational cost for conducting
GEVD and high resolution SSL. To solve them, we proposed
interpolation of TFs by FTDLI and computational cost
reduction by GSVD-MUSIC and H-SSL.
All the proposed functions were integrated into a superresolution SSL system and were evaluated. The evaluation
showed: 1) FTDLI showed better interpolation performance
compared to existing methods and realized super-resolution
SSL, 2) GSVD-MUSIC reduced the calculation cost approximately by half and achieved better noise-robustness
compared to GEVD-MUSIC, 3) SSL with H-SSL achieved
approximately half the calculation cost than that without HSSL, which successfully confirmed the validity of the whole
system.
The future work will be the extension of FTDLI to
3-dimensional case and real-time 3-dimensional superresolution SSL.
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Fig. 6 shows the error comparison of DoA estimation
among the interpolation methods discussed in Section II.
The horizontal axis shows the intervals of ψ for A (ω , ψ ).
The vertical axis shows the average error of DoA estimation.
NONE means that no interpolation method was used.
We observed: 1) FTDLI had the smallest DoA estimation
errors, 2) Up to the intervals of 30◦ , FTDLI maintained
approximately the same performance as the case at 1◦
intervals, which showed the validity of FTDLI in SSL.
2) SSL for a Dynamic Sound Source: We used a moving
white noise source. All other conditions are the same as those
in Section V-D.1.
Similar to Fig. 6, Fig. 7(a) shows the error comparison
between DoA estimations with and without FTDLI. FTDLI
performed better than NONE and it maintained SSL performance until the intervals of 30◦ .
Fig. 7(b) shows the deletion error rate in SSL. The deletion
error rate was defined as the rate of frames, which missed the
DoA estimation result. FTDLI perfectly localized the sound
source until the intervals of 90◦ .
Fig. 7(c) shows an SSL example using A (ω , ψ ) at 30◦
intervals. 30◦ intervals were selected in consideration of the
evaluation results in Figs. 6 and 7(a). The horizontal axis
shows the frame index, and the vertical axis shows the DoA
estimation result ψ . In addition to the SSL results, we plotted
the reference trajectory recorded by an ultrasonic positioning
system [18]. The SSL with FTDLI showed a better and
smoother trajectory than that with NONE.
As a result, we were able to confirm the validity of the
SSL system in both static and dynamic environments.
VI. C ONCLUSION
This paper investigated super-resolution SSL working in
real-time for robots in a real environment. To achieve a
699

