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ABSTRACT: Time delay estimation between two acoustic sensors is widely used in room acoustics and sonar
for target position estimation, tracking and synchronization. A cross-correlation based method is representative
for the time delay estimation. However, this method does not have enough consideration for the noise added to the
receiving acoustic sensors. This paper proposes a new time delay estimation method considering the added noise
on the receiver acoustic sensors. From comparing with the existing GCC (Generalized Cross Correlation) method,
and adaptive eigen decomposition method, we show that the proposed method outperforms other methods for a
colored signal source in the white Gaussian noise condition.

Keywords: Time delay estimation, Sparse signal processing, log-sum-norm, Total least squares

PACS numbers: 43.60.Jn, 43.60.Mn
LM =2 £ thg A3} o] EHHLY,
Hi té-‘o-]x:] gil%—ﬂ:—ﬂiﬂ /L]/qoﬂ E%LTS.HE‘/‘\_] wl(k):als(k*ﬂ)+nl(k), (1)
0] 45 2| AIZE e AL T EAlo] 1y (k) = ags (k=73) + 1y ()
U 25 5t oA 9] HEE A 4 EAU 5
2 9 5718k o] 2717kA] chibwollA] 2|3 9 o] 714 st 1)K 2] ALE0] L, m()k miky= B
Ch dubA el F 2A17]0] mEehe Alse] mH o] ol WA RhZou, AE YT FA KR

M2 Eolth A% a) T are Y AEe} F 4l
‘tCorresponding author: Jun-Seok Lim (jslim@sejong.ac kr) 7] A& ApolQ] A& 77| 2o & LrEH 7] Y3t A

Department of Electrical Engineering, Sejong University, 209, . Se . ol Ao

Neungdong-ro, Guang-jin-gu, Seoul 05006, Republic of Korea Fro|th. o] Mz e A AIZE 2 olek ¢ 49
(Tel: 82-2-3408-3299, Fax: 82-2-3408-4329) =TS o= AL ou)dtt) o] & Lol=
“o] =t 2018 jh53F5te] S E Al B Al A 2] kel 5o A

HESPE 2

499



500

%] v}

of 2] " %—OﬂL H] a2 B 2]
HHo 2 1=
] shepo el
b e T8l
ke ]
Correlation, GCC ) Wy o] tfj s & o
2 Carter 5] 9]a)4] Mol
AIZF A1 27 Hofoll A thi
EERELEEEER TR REE SRR
Ato] o] THAIE U0 3t ¢l H 2 G- H(Finite Impulse
Response, FIR) LE| 2 H11 o] UE| O] A5
e ook g T2 w)uleb|g W el GOC 7]ut
HH 2 GCC-PHAT(Generalized Cross Correlation -
Phase Transform)-2 Z-&-oju} HFgFsl 7 ol A] &
A2 A3 ekt ekeiA ek kel
H S0l A Benesty 7} A QFeF 28 215 4k &
Fare]Eo] ol vhakekg o A %
W 53] GCC-PHATE U B U2 45
a1 e A gler
7)) st e
&5t Eq. ()2 22 mdlof 4 2kl
48 e el A f-ofu| gt 74]—’?—7}
5] 4> "d(sparse) iHHO]E}— A&

=
ﬂ% %_;]Ei mEE] Mo o
=]

7} oo )
A Zal A5 Afole]
2 gro) o7} El A1

& AraH(Generalized Cross

o

fror

o

filo
Ol

[Tk o] Gee
o] 4] ] shefu ] 4
M o 2 Hol 5ol

= 0]13% 0
=2 =0

Om _IZil‘

——

]
af

3

lo
A

ol

= L
L o m

<
o

(¢

i

o

2

grelA 2 E1 o

1

fl

n do
ol

ru°"
(e
i4>
i o Mo
e >
ol 2

)
£

oft

2~
T

N
=

ol
o
ﬁ
&O
o
oo rlo
mr -
>
il
o N
~
>

l—J
Bl oz K

&/

p
©

&
o by

x
2
o
&

e

b

Hy

e
2,
T
z
ik
Moox 2 N % > fo v 2

[
ol

30
&

oX o
U
ﬂm
)
=
:
=
g

=2

ox ofN > fir

>
[
T,

MO o
=
S~

.

> r
=2

f

o _>x
il
i)
r

™
Ox
ol

2
tH
>

o

ot

o

fo rr & b o X
T

>
)

do N B4

s
i

ol
-

o2
N

1

el Piat v 4
oA A A 57

W 3 =7 sl A=

3
)=

2.1 oAt e
HEAR A7

R4 Rus

A& E%‘%

AF7g EAoll gho] 20

o3 7}1—,} xHuoﬂ/\17

=

=
n

a;s(k—,) +n,(k), @

of71A a= B AIS, sth),7HHA o) =gd o
O] ZH4] Aol i, ti= A AT 7HWA Aol =g
o fi7hA] o] Aubr|gko|tk E k)= iHA 2ol
F7HE FhEol e o] Lo A sk), nik)= @ Bwtol
o, A Ao 911, A 7to]| whet A A AR o] ¥
BHA] oF= 7} A ok Al S olt) = 2 7o) Abt A

QAT A AL, 112 =T1-T20| T}

&M REZRE M Zt
QA S
A AZ AT 7 AL D7 G AIZE A RS 4
Ao 2 HhE Bg. ()& FAE F AR = thA] 22
W o} 2,
7y (k) =ar(k—1,) +n(k) 3
A71A ap= T A E o]l thh 29 A 'd 9] o] 5 gho)
I, T 1 A o B 28 2 o] AJ7EA] A ghol o
o A7k 2ol 24 ARZS 1 L 2
Aol AL 4157k 2|74 4918 3R Ao =
2 HEE TpE Sk Ao Ehal & Alojth. o w1



2 ol g3k8l A7k Aol 242 Fig. 17} o] 425
Q1402 B 4 ek

:|>4:,L
e
2
4
>
mot i

R
>
o
2l
lo
it
TR T Vo)
o,
o

_r\>
w
[

o

r=

fol

4

2

1A

> 0l
AN

-

z

L
2 B
n
4>
e
:>|4:’

i
)

>

[> H

o

1o

>,
N

N

!

ox

N

>,
o
B
re,
> o
e
[Vis}
[\®]
e o
My
flo 7
juiss
i)
[>

30
H
~
X

fl
filo

N g9 ot 1o
& o nE ot
O Pl |
2 flo o
T

i\l‘

©

o Hm
2

o

o
rir
PO
e
+
X2
o
r
A
o
o
B

oy
2

>
i}
£l
ok
e

o
o,
]
e
[4}°]
7
L
Mo
H
@
ol
ok
2
>
o
oX,
st

T

%
21415 Fgo] o] AHESHE B At

o
=
2 fob

x(k) — n(%) :

Fig. 1. Time delay estimation modeling by system iden-
tification approach.
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Fig. 2. Time delay channel model between two received
signals.
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