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ABSTRACT

It is necessary that the number of the observation signals equals

to the number of source signals, if independent component

analysis is used to perform the sound source separation. It is

difficult to perform sound source separation from a stereo mu-

sic sound signal when the number of sound sources are more

than two. We propose the technique to perform sound source

separation from a stereo music sound signal that the number

of sound sources is more than two using the frequency analy-

sis and independent component analysis.

1. INTRODUCTION

Recently, some techniques of the sound source separation are

proposed. Those techniques are classified into two. One

is the sound source separation method using many micro-

phones [1][2] [3][4], another one is the sound source sepa-

ration method using two microphones[5][6][7][8][9][10][11].

As the music that we contact with television or a compact disc

is recorded with monaural or stereo recording, the technique

using two microphones is useful in the case of separating mu-

sic sound sources. Recently independent component analysis

is proposed to perform sound source separation[1]. Moreover,

the method separating sound sources in the frequency domain

with independent component analysis is proposed[4]. In gen-

eral, it is necessary that the number of the observation signals

equals to the number of sound sources. In the case of sepa-

rating sound source based on independent component analy-

sis with a stereo music sound signal, we can perform sound

source separation when the number of sound source is two,

but cannot perform sound source separation when the num-

ber of sound sources is more than two. On the other hand,

the method separating sound source using the ration between

right and left power spectrum is proposed[5][6]. The purpose

of the study is not the sound estimation but the note estima-

tion. In this paper, we propose sound source separation based

on independent component analysis and the histogram of the

ratio between right and left power spectrum in the frequency

domain.

We perform sound source separation with a stereo music

sound signal in each frequency, as We pay attention to the

thing that the signal in a frequency tends to contain at most

whether a single signal or two signals, even if many sound

sources are mixed, We use the ratio between right and left ob-

servation power spectrum in a frequency, when a sound signal

exist in a frequency. Even if many sound signals are mixed, a

sound signal or two sound signals are included in a frequency.

At first, we get plural local maxima from the histogram of the

ratio between right and left power spectrum. As the possibil-

ity that the sound signal is not mixed is high except neigh-

bor local maxima of the histogram, we estimate two sound

sources using independent component analysis estimating a

2 × 2 mixing matrix. If two sound sources of the separation

result have near two maxima, the possibility that two sound

sources are mixed in the frequency is high. If not, we esti-

mate a m × 2 mixing matrix using the histogram gotten from

many 2× 2 matrixes in the frequency. We show the effective-

ness to apply the method for trio in the “Spring” movement

of Vivaldi’s The Four Seasons.

2. SOUND SOURCE SEPARATION OF STEREO
MUSIC SOUND SIGNAL

2.1. Sound source separation by the ratio and left ratio of
power spectrum

A stereo music sound signal is sampled with a frequency of

44.1kHz and is quantized by sixteen bits. We translate the

observation signals to the Fourier space using FFT of 216 bits

for 256 sound corresponding to sixteen notes. We define the

position h(t, f) at the time t in the frequency f as

h(t, f) =

(
pR(t,f)
pL(t,f) (pR(t, f) <= pL(t, f))

2 − pR(t,f)
pL(t,f) (pR(t, f) > pL(t, f))

(1)

where pL(t, f) and pR(t, f) is the left and right power spec-

trum in the frequency f(Hz) at time t(s) respectively. The

ratio h(t, f) is near 0, if the position of a sound source is

left. The ratio h(t, f) is near 1, if the position of a sound

source is middle. The ratio h(t, f) is near 2, if the position

of a sound source is right. We make a histogram by voting

every 0.025 from 0 to 2 for 256 sound corresponding to six-

teen notes. If the number of instruments is m, we extract local
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maxima of m individual. Local maxima of m individual are

defined as pk0(t),pk1(t),· · · , pkm−1(t). If h(t, f) is larger

than pki(t) − width, and smaller than pki(t) + width, we

define it as ith sound in the f frequency at time t . If not, as

the possibility that a number of the mixed sound is more than

two is high, we select the following process.

2.2. Sound source separation by independent component
analysis estimating a 2 × 2 mixing matrix

The sound source separation can be performed to get two

sound sources from two observation signals in the case of

using independent component analysis for 256 sound corre-

sponding to sixteen notes.

In this paper, we use ICA algorithm by maximum likeli-

hood estimation[1]. I do centration of data x of 256 sound

of each frequency and move the mean to zero. Correlation

matrix C = E{xxT }[1]is calculated.

We initialize the separating matrix B by a random num-

ber. As the mixing matrix corresponds to the inverse matrix

of B, the mixing matrix is initialized by the random numbers.

After that we use the inverse matrix of the mixing matrix as

separating matrix. At first, the decorrelation and normaliza-

tion can be done as

B ← (BCBT )−
1

2 B. (2)

After that, the separation matrix is updated by

B ← B + diag(αi)[diag(βi) + E{g(y)yT }]B (3)

where g(y) = tahn(y),

y = Bx, (4)

βi = −E{yi · g(yi)}(i = 0, 1), (5)

αi =
−1

βi + E{g′(yi)}
(i = 0, 1). (6)

It is repeated until B converges if B doesn’t converge.

The mixing matrix A can be estimated from the inverse

matrix of the estimated separation matrix as

A = B−1. (7)

Supposing the observation signal x, the sound source s

and the mixing matrix A, the following is formed as

x = As (8)

where

A =

[
a00 a10

a01 a11

]
(9)

.

The ratio between right and left observation signals con-

taining separated sound sources can be calculated from the

estimated matrix A(t, f). The sound that the separated sound

includes in the right and left observation signal is represented

as ai0(t, f) and ai1(t, f) which is component of the mixing

matrix A(t, f) respectively. The ratio between right and left

observation signal for a separated sound source can be calcu-

lated as we suppose the number of sound sources to be 2.

The position h′
i(t, f) for the ith separation signal defined

from the estimated mixing matrix at time t in the frequency f

is defined as

h′
i(t, f) =

(
ai0(t,f)
ai1(t,f) (ai0(t, f) <= ai1(t, f))

2 − ai0(t,f)
ai1(t,f) (ai0(t, f) > ai1(t, f))

(i = 0, 1). (10)

We make a histogram by voting the position h′
i(t, f) every

0.025 from zero to 2. We extract local maxima of m individ-

ual from the histgram when a number of the instrument is m.

We represent local maxima of m individual as pk′
0(t), pk′

1(t),
· · · , pk′

m−1(t).
Moreover, the performance improvement can be expected

by combining it the method by the histogram of the ratio be-

tween right and left power spectrum more. Two sound sources

can be gotten using independent component analysis estimat-

ing a 2 × 2 mixing matrix. If the position h′
i(t, f) is larger

than pk′
j(t) − width and smaller than pk′

j(t) + width, we

define it as jth sound in the f frequency at time t . In this

experiment, we use width = 0.1. If h′
i(t, f) in i = 0 is

different from h′
i(t, f) in i = 1, we judge that two sound

sources are mixed. If not, as the possibility that more than

two sounds are mixed is high, we select the following process.

We calculate the mean both ai0(t, f) and ai0(t, f) for the lo-

cal maxima pk0(t),pk1(t),· · · , pkm−1(t) of m individual de-

rived from the histogram of the ratio between left observation

signal ai1(t, f) and right observation signal ai0(t, f) contain-

ing ith sound source. As a result, we can get both a′
j0(t, f)

and a′
j1(t, f) for which is the jth position for sound sources

of m individual .

2.3. Sound source separation by a m × 2 mixing matrix

From a histogram of h′
i(t, f) provided by independent com-

ponent analyses estimating a 2 × 2 mixing matrix, I estimate

a m × 2 mixing matrix. Every each sound source after sep-

aration extracts a 1 × 2 mixing matrix from a 2 × 2 mixing

matrix, and a m × 2 mixing matrix A′(t, f) is found by aver-

aging it. The m×2 mixing matrix A′(t, f) is composed of the

elements a′
ij(t, f), (i = 0, 1, · · · , m − 1), (j = 0, 1). Sound

sources of m individual can be derived from two observation

signals by a generalization inverse matrix as the mixing ma-

trix in each position is estimate. If a m × 2 mixing matrix

A′ is estimated, sound sources of m individual can be gotten

from two observation signal as

y = A′s (11)

A′−1 = A′T (A′A′T )−1 (12)
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s = A′−1y (13)

where s is sound sources and y is observation signals. In the

case separating sound sources using only general inverse ma-

trix, sound sources can be estimate by multiplying the esti-

mated general inverse matrix to observation signal. Moreover,

improvement in the performance can be expected by combin-

ing it the mothods based on the histogram of the ratio between

right and left power spectrum and the histogram generated

from a 2 × 2 mixing !!matrix estimated using independent

component analysis more. In other words, we use the method

using histogram generated from the ratio between right and

left power spectrum if a sound exists in the frequency. We

use the method using histogram generated from the estimated

a 2 × 2 mixing matrix, if two sounds exist in the frequency.

If not, we use a m × 2 mixing matrix. We can get the co-

efficients after the Fourier transform. Sound sources of m

individual can be estimated by inverse Fourier transform.

2.4. Reconstruction of sound sources

We generate sound sources from the real and imaginary parts

in all frequencies space for sound sources of m individual

using inverse Fourier transform.

2.5. Evaluating the results of sound source separation

We evaluate the separation effect for each instrument by com-

paring the original sound that a fixed place is not defined with

the sound derived from separation resolut as

Ej =
Σtmax−1

t=0
|asj(t)−akj(t)|

asmaxj
∗ 100.0

tmax
(14)

where the number of sound sources is m, the total number of

sound during evaluating time is tmax, the volume of the jth

original sound source at time t before positioning is asj(t)
and the maximum volume of the jth original sound source

during the evaluating time before positioning is asmaxj . We

calculate whole separating effect by getting the mean after the

evaluation of all sound as

E =
Σm−1

j=0 Σtmax−1
t=0

|asj(t)−akj(t)|
asmaxj

∗ 100.0

tmax ∗ m
. (15)

2.6. The flow for sound source separation of a stereo mu-
sic sound signal

• We translate the observation signal to the Fourier space

using FFT of 216 bits for 256 sound corresponding to

sixteen notes.

• We estimate local maxima pkj(t) of m individual by

generating histogram of the ratio h(f, t)between right

and left power spectrum. if h(f, t) exists near loacal

maxima pkj(t) of m individual, we define that a sound

source exists in the frequency f at time t.

• We estimate a 2 × 2 mixing matrix using fast indepen-

dent component analysis from a stereo music sound sig-

nal supposing two sound sources. We make a histogram

of the ratio h′
i(f, t)(i = 0, 1) between right and left ob-

served signals includes each sound source gotten from

the estimated 2 × 2 mixing matrix. We get local ratio

h′
i(t) in i = 0 and i = 1 near local maxima pkj(t) of

histogram, and the ratio h′
i(t) in i = 0 is different from

the ratio h′
i(t) in i = 1.

• After we estimate the m×2 mixing matrix A′(t, f),we

can get sound sources using generalized inverse matrix

if the sound source mixed with another sound source in

a frequency.

• We estimate real and imaginary part in the frequency

domain by the estimated frequency space. We gener-

ate sound sources of m individual in the estimated fre-

quency space using the inverse Fourier transform.

Fig. 1. The first 4 bar in the “Spring” movement of Vivaldi’s

The Four Seasons.

3. SOUND SOURCE SEPARATION OF TRIO

Figure 1 shows the first 4 bar in the “Spring” movement of

Vivaldi’s The Four Seasons. The top, middle and bottom of

figure 1 corresponding to the music for the violin, cello and

contrabass respectively. A stereophonic signal is generated

by MIDI so that violin, cello and contrabass might be po-

sitioned at left, middle and right respectively. We perform

sound source separation using the proposed method from a

stereo music sound signal.

Figure 2(a) shows the histogram of the ratio h(t, f) be-

tween the right and left power spectrum for the first four bar in

the “Spring” movement of Vivaldi’s The Four Seasons. Fig-

ure 2(b) shows the histogram of the ratio h′
i(t, f)(i = 0, 1) of

the observed right and left signal included in sound sources

derived from a 2 × 2 mixing matrix. The horizontal axis is

bar and the vertical axis is h(t, f),h′
i(t, f)(i = 0, 1), and the

frequency is represented by gray level. If the voting number is

many, the color is near black. in Figure 2(a) and Figure 2(b).

Table 1 shows the evaluation using equation (14) and equation

(15) in the first 4 bar in the “Spring” movement of Vivaldi’s

The Four Seasons. The separation performance is 66% in the

method using the histogram of the ratio between right and left

power spectrum in the frequency domain as shown in Table
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Fig. 2. (a) The histogram of the ratio h(t, f) of the power

spectrum for the first four notes in the “Spring” movement

of Vivaldi’s The Four Seasons. (b) The ratio h′
i(t, f)(i =

0, 1) between observation signals including a sound source

estimated from the 2 × 2 mixed matrix for the first four notes

in the “Spring” movement of Vivaldi’s The Four Seasons.

1(I), and it is 83 % in the method using the independent com-

ponent analysis estimating a 2 × 2 mixing matrix as shown

in Table 1(II) and it is 86 % in the method using the general-

ized inverse matrix of the estimated m × 2 mixing matrix as

shown in Table 1(III). The separation performance is 91% in

the method using three methods as shown in Table 1(IV). It

is understood that performance improves in comparison with

the technique so far. We used C1 = 0.675, C2 = 1.375 as the

boundary to classify to each sound source from the histogram.

Table 1. The evaluation of the sound source separation per-

formance for the first four notes in the “Spring” movement of

Vivaldi’s The Four Seasons.

violin cello contrabass average

I 59.7(%) 81.9(%) 91.6(%) 77.7(%)

II 85.1(%) 85.4(%) 79.4(%) 83.3(%)

III 88.6(%) 78.9(%) 91.1(%) 86.2(%)

IV 83.1(%) 94.3(%) 97.2(%) 91.2(%)

The instrument of the low-pitched tone is gotten well in

the method I using histogram from the ratio between right

and left power spectrum. The performance tends to go down

when the instrument of the high-pitched tone is used. This

cause is so that a low tone may contain many harmonics and

the frequency that a sound source not mix to the other sound

source is much. The separation performance is improved for

the instrument of high tone but is not improved for the instru-

ment of low tone in the method by independent component

analysis estimating a 2×2 mixing matrix and the generalized

inverse matrix after estimating a m × 2 mixing matrix. The

separation performance is improved for the instrument of the

low tone but does not tend to come down for the instrument

of the high tone and tend to be improved for the instrument of

the middle tone in the method using the three methods. It is

found that the performance improves in the whole.

4. CONCLUSIONS

We proposed the method to perform sound source separation
from a stereo music sound signal for trio that the number of
the sound source is more than two. The performance is im-
proved by estimating a m × 2 mixing matrix using the his-
togram of the ratio between right and left power spectrum in
the frequency domain and the histogram of the ratio between
right and left observation signal derived from the 2×2 mixing
matrix estimated using the independent component analysis.
We confirm that the performance is improved in comparison
with the method so far. In this method, sound sources can be
gotten even if the number of the sound source is more than
three.
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