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1. Introduction

We previously proposed a technique for both determining
the location of source signals and separating them by blind
source separation [1]. Moreover, by extending this technique,
we showed the separation and specification of the location of
signals in the case of a source signal embedded in another
signal, such as noise in the time-frequency domain [2,3].
However, in that method [1-3], the reflected sounds of the
source signal could not be considered.

In this paper, for a signal embedding a source signal and
its reflected sound in the time-frequency domain, we describe
a method for the separation and specification of these two
signals. Our method is validated through a numerical test.

2. Formulation
2.1. Assumptions

In this paper, we assume that two signals exist. Let s;(7)
and s,(¢) be the signal data and s; be embedded in s, in the
time-frequency domain. We assume that these data are point
sound sources that emanate from different locations. In
addition, we assume that the number of observation points is
MM > 4); x(t) (1 <k < M) refers to the observation data.
In general, M = 4 is sufficiently large. In this study, there is
one wall and the reflected sound of s; is considered. s,
originates from the wall and s; originates at another point
away from the wall. Therefore, two signals exist from s; to the
observation points: the direct signal and the signal reflected by
the wall. Moreover, to obtain signal data, we assume the
following relations hold:

X () = arns1(t — ck11) + axasi(t — ci12)

+ ar152(t — cra1)- (1)
Here, ay, represents the real-valued damping coefficient and
ckjn, represents the real-valued time lag between xi(7) and sy (),
s A <k<M,j=1,2,h=1,2). In Eq. (1), the first term
on the right side expresses the direct signal of s;. In this paper,
a term including s; expressing a reflected sound is newly
added as the second term. The third term expresses a direct
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signal of s,. The only known data are the observation signal
data x(7), the location of x; (1 < k < M) and the number of
signals (j = 1,2); s;(¢), axjn, cijn, and the locations of s;(1)
(j = 1,2) are all unknown data.

We specify s;(1), aijn, and cyj, only using xi(%).
2.2. Time-frequency information

Let Xi(t,w) be the time-frequency information for
observation data xi(¢), in the form of a complex-valued
function. In this paper, the continuous wavelet transform, for
which the integral kernel consists of a complex mother
wavelet, which, in turn, consists of a Meyer wavelet (the real
part) and the Hilbert transform of the Meyer wavelet (the
imaginary part), is adopted to obtain X;(#,w) [4,5]. Thus,
Eq. (1) is transformed into the following equation by the
continuous wavelet transform.

Xi(t, 0) = a1 S1( — cx11, )

+ ai1281(F — ch12, @) + @215t — o1, ®). (2)
Here, S;(t,w) is the time-frequency information for s;(z).
We define the set of time-frequency domains as Hyy, =
{t, w) : $1(t = crap, ) # 0} (h=1,2), Hp1 = {(t, w): S2(t —
cro1,®) # 0}. In this paper, because we assume that s; is
embedded in s; in the time-frequency domain, the following
relationships hold: Hyyy, Hrio C Hio1 and Hyyy # Hypo, Ex =
Hio1 — (Hiy U Hiaz) # (¢} & measure # 0.
Let £} be a set of time shifts of Ej to —cyj,. In addition, let
G be the set defined by

G=()E, 3)

IDE

k

1
which has a measure in the same range as Ej.
2.3. Calculation of damping ratio and time lag of s,

For arbitrary values of k,I (1 <k, ]l <M,k #1), the
complex-valued quotient function Q(#,?,w) is introduced
and defined as Q. 1, ) = Xi(t, w)/X)(t;, ). Because
Xi(ty,w) and X;(#;, w) are complex-valued functions, Q is
generally a complex-valued function. However, if (#, w) € Ex,
then X, (t;, w) = ai18>(ty — cro1,w), and if (¢, w) € E;, then
X(t;, w) = ap1S>(t; — cp1, w). Furthermore, if

1 =ty — (cra1 — cp21) 4

is established, then Q satisfies the following relationship:
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O(t, t;, w) = ara1/ap1 € R (R: the set of real values). (5)

Thus, Q takes at least all the real values in the set G. By
keeping o fixed and varying only # and # in the time-
frequency domain, we can obtain the damping coefficient
ratio ap)/ap1, which is a real, constant value. Q may take
other real values outside the domain G; however, in such
cases, the existence of a corresponding measurable region is
very rare.

2.4. Specification of location of s,

When Eq. (4) holds, #; — #x = cip1 — cxo1- The right side of
this equation is the relative time lag between s, to x; and x;.
When we multiply the speed of sound by this time lag, the
relative distance from s, to x; and x; is obtained. Generally, in
a two-dimensional plane, the possible locations of s, form a
hyperbolic curve. Thus, the points of intersection become the
positions of s, when we consider a pair of observation points
and draw several hyperbolic curves. When the location of s,
has been decided, the distances to the observation points
become clear, and cy,; is obtained.

2.5. Calculation of damping ratio and time lag of s

In Eq. (1), for arbitrary values of k,/ (1 < k,l < M,k # 1),

the next equation holds:

xi(t + cp1)/apt — xk(t + cr21)/ @
=ani/ap - 1t — cl) — aki/a21 - 510 — o) (6)
+anz/api - s1(t — cp) — axiz/ a2 - S1(t — cipy),

where ¢i, = ¢j11 — cp1, ¢ = cn2 — cp1 and ¢ = Cri1 — Cr21,
Cip = Cr12 — Cr21- We multiply app; by the statement in
Eq. (6) and define y;(¢) as

yi() = ayq - 51(t = C1a) + g - 51(t — Cra)

@)

+ap - s1(t — cp) + agy - 51(t — ),
where a;, = a1 - g1 /ant, A = —ax11, G = anz - g1 /ap)
and ay, = —ay. Let [ be fixed for an arbitrary value of m

(I<m<Mm#Ilm#k), we define y,(f) in the same
manner as y;(1):

y2(t) =VY-ai- S](t - Cla) + apq - sl(t - Cma)
+y-ap-s1(t —cwp) + amp - 51— Cmp),
where Y = (@m21/an1)/(@r21/an1),  Gma = —@mi1,  Gmp =
—am12 and Cma = Cm1l — Cm21s Cmb = Cm12 — Cm21- In EqS (7)
and (8), y;(#), y2(¢) and y are known. Equations (7) and (8) are
transformed into the Fourier domain, then the following
equations hold:

®

P1(@) = (@ - e + az, - €%

+ap - e+ ag, - €75 (o) )
Pr(w) = (¥ - agg - €7 + @,y - 1m0
Y an et e (). (10)

Here, the symbol " represents the Fourier domain. If we
eliminate §;(w) from Egs. (9) and (10) and normalize the
equations using aje %, we can obtain the following
equation:

H@) = 52(@) - br - e 4 91(@) - by - e
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+(G1(@) -y = $2(@)) - b3 - e (1D
+92(@) - by - €M 4 $i(@) - bs - 75,
where Z(w) = $1(®) -y — Jo(w) and by = age/an, b =
—pa/la, b3 = —aw/aia, by = awp/aia, bs = —am/ai, di =
Cka — Clas d2 = Cpa — Cla, d3 = Cpp — Cla, dy = Cp — €1z and
ds = Cpp — Cla- bi(j=1,---,5) represent the real-valued

damping coefficient ratios and satisfy the following relation-
ship:

by <0, by >0, b3 <0, by <0, bs > 0. 12)

Furthermore, (Zj( j=1,---,5) represent the discretized
number of steps. In Eq. (11), Z(w) is known, whereas b; and d;
are unknown.

Next, we discretize Eq. (11). Let N be the total number of
discretized steps and Ar and Aw be the intervals of time and
frequency, respectively; these indicate that

t=r-At(r=0,1,2,---,N),
wo=u-Aowou=0,1,2,---,N/2)

and d, =d; - At. Moreover, let z, = (- Aw), yu = yi(u-
Aw) and y,; = $2(u - Aw), and let p,; be the value that is
substituted into u = N/2"(n=1,---,5) for the exponential
part exp(—iu(2m/N)d;))(j=1,---,5). Then, the following
equation holds:
v/ = YNyr2 b1 s put +Ynjna by - p
+ (Yvj2e1 - Y — Yny212) - b3 - s (13)

+ Yny2n2 - by Pua + Ynj21 - bs - ps.
Then, we introduce the matrix representation

Pb =z, (14)

where P = [g,], b =[b by by by bs]" and z=
[znv/2 2vy22 angos 2o ZN/ZS]T. Here, the entries of matrix P
are€  gnj = YN/2-mPnj (m=2(j=1,4),m=1(j=2,5) and
Gnj = (YNj21Y — Yny202)Pui(j = 3). z is known. Two candi-
dates are considered as entries of P on the basis of the
relations given by the argument, although their values are
known. We substitute each candidate in to Eq. (14) and
calculate b; such that it satisfies the condition of a real value
and Eq. (12).

Then, for p,i(n >6,j=1,---,5), Eq. (13) is considered
to have 2° possible candidates when n = N/2°. We substitute
each candidate into Eq. (13) and calculate a combination that
satisfies Eq. (13). In this way, mod(d;,2°) is obtained. We
apply the above-mentioned calculation in the same way for
n=N/2", n=N/2%, -... For example, when the analytical
area is 10m in every direction and the sampling frequency
is 44,100Hz, we can assume |d;| < 2! Thus, we should
calculate up to n = N/2'2; it is for this value that mod(d;, 2'%)
is equivalent to d;. If mod(d;,2'?) is not less than 2!, then
dj =m; — 212 (mj = mod(d_,-,2‘2)).

When k and [ are fixed and m is varied, by repeating the
same operations as applied to Egs. (6) to (14), the damping
coefficient ratios and relative time lags of s; can be obtained.
Moreover, we can specify the location of s; in the same way
as for s,.

2.6. Separation of s; and s,
Let the separation data of s;(¢) and s,(¢) be
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Fig.1 Setting locations.
Table 1 Setting locations.
coordinates [m]
st 20
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X1 0,0)
X CY)
X3 0,3)
X4 (3’4)

510 = ams1(0), $(0) =ams2(t) (1 <1<M). (15)

In this paper, we calculate the values of §(r) and 5,(¢)
instead of s1(¢) and s,(), respectively. We substitute Eq. (15)
for Eq. (1) and perform a Fourier transform.

B(@) = agi1 fan e NS (w)
+ agia/anie” N5 () + axar fapre” " §(w) (16)

(1 <k < M). §(w) and 5>(w) are obtained by solving Eq. (16)
for all frequencies. §;(f) and §>(f) can be calculated by
performing the inverse Fourier transform.

3. Numerical test
3.1. Setting

Figure 1 and Table 1 describe the locations of the two
signal sources and the observation points for M = 4. We
derive signal data from a collection of sounds recorded in
digital video disc (DVD) format [6]. Assumptions in this
method are shown in Table 2. The sampling frequency is
44,100 Hz, and the total duration is approximately 2.97s. We
assumed that the damping coefficients are proportional to the
reciprocal of the propagation distance and set them as such.
We then collected observation data for the signal data. Here,
the speed of sound is considered to be 340 m/s. Figures 2 and
3 show signal data in the time domain and the time-frequency
domain, respectively. From Fig. 3, s; is found to have values
in a wide time-frequency band, and we see that s, includes s;.
In the following discussion, the observed signal data x (), the
locations of x;(1 <k < M) and the number of signals (j =
1,2) are the only known data. In this case, we can specify the
locations of signal sources and separate these signals.

Table 2 Assumptions in this method.

homogeneity

ropagation system . . .
propag Y invariability of time

kind of microphone nondirectional microphone

placement of observation points arbitrary placement
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Fig.3 Signal data in time-frequency domain.

3.2. Results for s,

Table 3 lists the results of calculations of the damping
coefficient ratios, time lags and the specification of the
location of s,. Compared with the set point, the location error
is approximately 14.4mm. In addition, when we find time
lags, discretization errors may occur. In this numerical test,
we normalize ¢y and calculate c¢j,;. Errors in the time lags
are 2 steps.

3.3. Results for s;

Table 4 lists the results of calculations of damping
coefficient ratios, time lags and the specification of location
of s;. Compared with the set point, the location error is
approximately 2.72 mm.

3.4. Results of separation for s; and s;

We separate s; and s, using their respective damping
coefficient ratios and time lags that were obtained. To
compare the separation signals and the original signals, we
calculate errors using the following equation.
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Table 3 Results for s5.

ani/an amni/a api/an
calculation 1.043185174  1.923538442  2.150581335
setting 1.043185168  1.923538406  2.150581317
Ci121 — €221 C121 — €321 C121 — C421
calculation [step] 33 379 422
setting [step] 33 379 422
location of s, [m] (0.99640, 6.0139)
C121 €221 c321 Cq21
calculation [step] 791 758 412 369
setting [step] 789 756 410 367
Table 4 Results for sy.
azi/aim asi/an asgii/aim
calculation 1.118034 0.7905698 0.7071054
setting 1.118034 0.7905694 0.7071068
Ci11 — €211 Ci11 — €311 Ci11 — C411
calculation [step] 31 =77 —120
setting [step] 31 =77 —120
location of s; [m] (2.0024,0.99871)
Ci11 Ca11 C311 C411
calculation [step] 290 259 367 410
setting [step] 290 259 367 410
N
D (si(r- A = (- ADY
=1 .
E,=" G=12 an
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Here, 5;(t) is 1/ayj; multiplied by s;j(r). When j=1,
E, =52x 1077 and when j =2, E,, = 4.6 x 107°. There-
fore, we can confirm that the errors are very small.

4. Conclusion

In this paper, we described a method for the separation
and specification of a source signal that includes a reflected
signal and another signal. Moreover, our numerical tests
showed that results were highly accurate.

Future topics include the examination of multiple reflec-
tions and the establishment of experimental techniques that
use real-world observation data.
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