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ABSTRACT The degenerate unmixing estimation technique (DUET), enables facile sound source separation
through two signal mixtures. However, in numerous practical situations, identifying peaks in DUET his-
tograms is difficult, which in turn prevents effective source separation. Specifically, sound sources with short
time percentages in mixtures are more unlikely to form peaks in a histogram. Besides, when the noise floor
of mixtures is high, the height of the histogram peak may be reduced, which causes peak position bias and
prevents effective source separation. In this study, unique methods are proposed to solve the aforementioned
problems. A subhistogram is established for each time frame; thus, the original histogram is divided into
a series of subhistograms. Two measurement indices are then proposed to identify the accurate attenuation
and delay parameters for sound sources: maximum distribution, which is based on the infinity norm, and
variance distribution, which is based on variances. The results verify that maximum distribution effectively
highlights the peaks of instantaneous sound sources when the time percentage difference between sound
sources is excessively high. In this scenario, the conventional histogram is unable to find the peaks. When
a strong noise disturbance is present in mixtures, variance distribution can be employed to estimate peak
positions with lower biases than those in the conventional histogram. In addition to more well-defined
and intense peaks, the proposed method can also reduce the bias error by 71% when the SNR is 0 dB.
Variance distribution is more robust against noise disturbance compared to conventional histograms and can
be adopted in a wide range of applications.

INDEX TERMS Attenuation and delay histogram, blind source separation, DUET, instantaneous sound
sources, W-disjoint orthogonality.

I. INTRODUCTION
Blind source separation (BSS) refers to the separation of
unknown source signals from mixtures of signals [1]–[3].
BSS is typically performed through independent compo-
nent analysis (ICA) [4]–[7]. In addition to ICA, many
other BSS methods convert mixtures to the time-frequency
(TF) domain and then use TF masking to separate sound
sources [8], [9]. Effective sound source separation is typ-
ically achieved using the degenerate unmixing estimation
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technique (DUET), which involves analyzing the attenuation
and delay between two mixtures to reconstruct and separate
all unknown sound sources [10]–[12]. Moreover, the envi-
ronmental sound recorded using two microphones is sim-
ilar to the auditory scenes perceived through human ears.
Therefore, the DUET has been adopted in a wide range of
applications, including automation field [13]–[15] and smart
living [16], [17].

Ideally, the DUET requires the W-disjoint orthogonality
(W-DO) of sound sources in the TF domain, meaning that
all the sound must belong to only one source at any TF
point. Consequently, the sound sources have a considerably
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sparse distribution and exhibit nearly no overlaps at any
TF point. Thus, distortion can be prevented when sound
sources are separated through TF masking. Most existing
TF masking methods for sound source separation are based
on this hypothesis. Rather than equality between the num-
ber of sources and the number of mixtures, DUET-based
methods only require source sparsity. When this condition
is fulfilled, the problem in which the number of sound
sources is higher than that of mixtures can be solved. Accord-
ingly, the DUET is a viable solution for the aforementioned
problem.

The DUET involves collecting attenuation–delay pairing
data at all TF points and converting the attenuation to sym-
metric attenuation to establish a two-dimensional (2D) sym-
metric attenuation–delay histogram. All the peak positions in
the histogram are then estimated to identify the attenuation–
delay pairing parameters for each unknown sound source.
These parameters enable the determination of which sound
source each TF-point belongs to through maximum like-
lihood analysis and the reconstruction of sound sources
through TF. Creating a satisfactory histogram is a crucial
step in the DUET. Comprehensive sound source separation
requires the accurate determination of the peak values and
peak positions on a histogram. In fact, there are many situa-
tions that may lead to the failure of establishing histograms.
In [21], the influence and solutions caused by phase wrap
were mentioned, but there are still some situations that have
not been explored by literature so far. For instance, the higher
the activity time percentage of a sound source, the higher
is the sound’s peak value in a histogram. If another sound
source with a low activity time percentage exists at this time,
its peak value will be very low and difficult to detect using
unsupervised peak searching methods. In addition, when
mixtures contain excessive noise, the peak value tends to
deviate from its correct position, decrease, or be submerged
by the surrounding sound. Although numerous methods have
been developed to reduce noise, reducing noise in mix-
tures is impossible, which renders noise disturbance a tricky
problem.

Ideally, when no sound sources exist within a short period,
the bar of any bin in the histogram has a height of 0.
The heights of the bars change only when a sound source
appears. However, a DUET histogram is generated through
the accumulation of full-time data, and the details on the
changes in each time frame are not recorded or analyzed.
To observe the changes in the DUET histogram in short
periods, a subhistogram was established in this study for
each time window frame through short-time Fourier trans-
form. Two metric indices, namely maximum distribution
and variance distribution were devised according to the set
of subhistograms to identify the correct number of sound
sources and peak positions. Maximum distribution refers to
the maximal instantaneous height in a subhistogram, which is
obtained using the infinity norm to eliminate problems related
to the insufficient peak values of an instantaneous sound
source compared with those of other sources in the original

histogram. Variance distribution refers to the differences
between subhistograms according to variance calculations.
It enhances the accuracy of peak position estimation and
the robustness of mixtures against noise disturbance. Max-
imum distribution and variance distribution are applicable
to general circumstances in addition to the aforementioned
problems.

II. PRELIMINARY INFORMATION ON THE DUET
This section describes the sound source separation pro-
cesses in the DUET and the problems encountered in these
processes.

A. W-DO OF SOURCES
To conduct source estimation with the DUET, the W-DO
criterium must be satisfied as much as possible for the sound
sources under the assumption that any TF point in mixtures
belongs to only one source. Specifically, the product of any
two sound sources at any TF point equals 0, as shown below:

Ŝf (τ, ω) Ŝg (τ, ω) = 0, ∀ (τ, ω) , ∀f 6= g (1)

where Ŝf (τ, ω) and Ŝg (τ, ω) refer to the values of sound
sources f and g at the TF point (τ, ω), respectively.
If W-DO is completely satisfied, nearly no distortion occurs
in source separation based on TF masking. Therefore, greater
sound source sparsity leads to more complete satisfaction
of W-DO.

B. PARAMETERS OF THE ATTENUATION AND DELAY
MODEL
In the DUET, only the attenuation and phase delay caused
by the direct path from sound sources to two mixtures are
considered, whereas the reverberation caused by the sources
is ignored. The attenuation and phase difference for a sound
source between two mixtures are expressed as follows:

x1(t) = 6N
n=1sn(t)

x2(t) = 6N
n=1ānsn

(
t − δ̄n

)
(2)

where (x1, x2), sn, and N represent the mixtures, source
signal, and number of sources, respectively, and ān and δ̄n
represent the attenuation and phase delay of the nth source
signal s in the second mixture, respectively. According to a
narrowband assumption [19], Equation (2) can be expressed
as follows to identify the relative relationship between two
mixtures:[
x̂1(τ, ω)
x̂2(τ, ω)

]
=

[
1 · · · 1

ā1e−iωδ̄1 · · · āN e−iωδ̄N

] ŝ1 (τ, ω)...

ŝN (τ, ω)


(3)

When the TF point belongs to the nth sound source, (3)
means that the ratio of the sound source reflected in x̂2 and x̂1
will be āne−iωδ̄n , where ān and δ̄n are unknown constants. The
preliminary steps involved in DUET are calculation of ratio of
themeasured values x̂2 to x̂1, estimation of the attenuation and
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delay parameters on all TF points, and then find the positions
where the parameters appear themost times. For more details,
see [20].

On the basis of (3), the DUET attenuation and delay param-
eters for each TF point can be instantaneously estimated as
follows:

a (τ, ω) :=

∣∣∣∣ x̂2 (τ, ω)x̂1 (τ, ω)

∣∣∣∣
δ (τ, ω) :=

(
−
1
ω

)
6
x̂2 (τ, ω)
x̂1 (τ, ω)

(4)

where a (τ, ω) and δ (τ, ω) are the estimated value of atten-
uation and delay at each TF point. The most frequent (a,δ)
values can be used as the estimated values of ān and δ̄n. The
aforementioned steps are the basis of the DUET. When a sin-
gle sound source is close to sensor x1, the attenuation a (τ, ω)
ranges from 1 to 0. When this source is closer to x2 than to x1,
the attenuation ranges from 1 to∞. This is not conductive to
the subsequent statistical inference. Consequently, a (τ, ω) is
substitutedwith symmetric attenuation by using the following
equation [11]:

α (τ, ω) = a (τ, ω)− 1/a (τ, ω) (5)

where α indicates symmetric attenuation. After a (τ, ω) is
substituted with symmetric attenuation, the attenuation val-
ues ranging from 0 to 1 become negative and those ranging
from 1 and∞ become positive. The coordinate axis in terms
of symmetrical attenuation can better present the distance of
the sound source. On the basis of (5), the attenuation of a
sound source (ān) is defined as follows: ᾱn=ān − 1/ān.

C. ATTENUATION DELAY HISTOGRAM
The estimated α (τ, ω) and δ (τ, ω) values at each TF point
are expressed as (α, δ) paired values. All the paired (α, δ) data
are clustered to identify N centers. Theoretically, the number
of clusters and the positions of their centers constitute the
satisfactory estimation of the number of unknown sources and
the corresponding attenuation and phase difference values(
ᾱn, δ̄n

)
. Notably, to prevent phase ambiguity, the following

restriction condition must be fulfilled:

|ωδ| < π, ∀ω (6)

When ωδ exceeds π , phase wrap occurs, which causes a
major bias in the delay value and diminishes its relevance.
Therefore, to ensure that the delay value can be applied in a
logical manner, the sampling rate and the distance between
two sensors must be controlled in the sampling process. The
higher the sampling rate, the shorter must be the distance
between two sensors. Let the speed of sound in air be c =
344 m/s and the sampling frequency be 2 · ωmax (ωmax is
the maximal detectable spectral frequency and is half the
sampling frequency). According to (6), the distance between
two sensors must be shorter than πc/ωmax . For example, if
the sampling frequency is 8,000 Hz, the distance between two
sensors must be shorter than 8.59 cm.

After all the paired (α, δ) values are calculated using (4)
and (5), the number of unknown sound sources and the
corresponding attenuation and phase differences must be
determined. The most efficient method for performing the
aforementioned task is to plot a 2D αδ histogram, with
the number of peaks representing the number of unknown
sources and the peak positions representing the paired param-
eters of the sources. According to the principle of maximum
likelihood, the weighted formula

∣∣x̂1 (τ, ω) x̂2 (τ, ω)∣∣p ωq can
be derived, where p and q are the weight parameters. In a
few special occasions, we can adjust the weight parameters
to make the sound source more prominent on the histogram.
Subsequently, we merge the histogram with the weighted
formula, a 2D weighted histogram can be expressed as
follows [10], [11]:

H1α,1δ (B,D) = 6τ,ωMB,1α (τ, ω)MD,1δ (τ, ω)

×
∣∣x̂1 (τ, ω) x̂2 (τ, ω)∣∣p ωq (7)

where H1α,1δ (B,D) represents the weighted histogram; B
and D represent the bin indices of α and δ, respectively
(B = 1, 2, . . . , k; D = 1, 2, . . . , l); p and q are weight
parameters; and 1α and 1δ are the resolutions of B and
D in the histogram, respectively. Further, MB,1α and MD,1δ
refer to the α and δ selection conditions, respectively, and are
expressed as follows:

MB,1α(τ, ω) =

{
1 if |α (τ, ω)− B| < 1α

0 otherwise

MD,1δ(τ, ω) =

{
1 if |δ (τ, ω)− D| < 1δ

0 otherwise
(8)

An adequate histogram is the key for accurately calculating
α and δ. Fig. 1 illustrates the plotted histogram.

FIGURE 1. Weighted histogram established using real recording.
Frequency labeled at z-axis is the number of occurrences. In real
applications, B and D are calculated over wider ranges than those
presented in this figure to increase the resolution (e.g., B = 1, . . . , 125;
D = 1, . . . , 125).

Ideally, one should be able to detect a slender peak from
an unknown source in the plotted histogram. The number of
peaks in the histogram represents the number of unknown
sound sources. The 2D coordinate of the peak represents the
paired attenuation–delay parameters of an unknown source.
After the paired parameters are identified, the sound sources
are reconstructed through maximum likelihood analysis [10].
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D. AMBIGUITY OF SEARCHING PEAKS
The contents of many of the mixtures at each TF point com-
prise values outside the direct path between the sound source
and the microphone, which reduces the extent to which W-
DO is satisfied. In most of the TF points outside the direct
path, the corresponding (α, δ) paired parameters cause the
peaks in the histogram to deviate from their correct positions
at different levels. The level of deviation caused by these TF
points cannot be predicted. Moreover, because the activities
of sound sources may be continuous or intermittent and mix-
tures carry noise floors, highlighting peaks becomes difficult;
thus, accurately identifying peak positions is challenging.
If correct peak positions cannot be found, which prevents the
identification of the accurate paired parameters of unknown
sound sources, the reconstruction of sound sources is deemed
unsatisfactory. Therefore, solving the aforementioned prob-
lem and establishing a satisfactory histogram are critical steps
in the DUET.

III. PROPOSED METHODS
The histogram defined by the DUET is created by calculating
the (α, δ) values corresponding to all the TF points. After the
bins corresponding to the (α, δ) values for the α -δ plane is
determined, the cumulative number of (α, δ) values for each
bin are calculated in the form of a bar height. The number
of peaks identified in the histogram represents the number of
sound sources, and the bins the peaks belong to are the esti-
mated values of (α, δ). Because of the reverberation caused
by intermittent sound sources and the real environment as
well as noise disturbance, mixtures do not completely satisfy
the W-DO, which renders the peaks difficult to observe and
hinders the identification of the real parameters of unknown
sources. Therefore, the bar heights in the histogram alone
are insufficient for determining

(
ᾱn, δ̄n

)
, and the short-time

data distribution and changes within a window frame must
be analyzed. In this study, each time frame in mixtures was
designated as the unit time for analyzing signal character-
istics in short-time Fourier transform calculations to estab-
lish histograms corresponding to each mixture, which are
referred to as subhistograms. The discrete time index τ , which
describes the TF diagram, is used to describe the subhis-
tograms. On the basis of (7), each subhistogram is expressed
as follows:

hτ,1α,1δ (B,D) = 6ωmτ,B,1α (ω)mτ,D,1δ (ω)

×
∣∣x̂1,τ (ω) x̂2,τ (ω)∣∣p ωq (9)

wheremτ,B,1α andmτ,D,1δ represent the selection conditions
for α and δ, respectively.

mτ,B,1α(ω) =

{
1 if |ατ (ω)− B| < 1α

0 otherwise

mτ,D,1δ(ω) =

{
1 if |δτ (ω)− D| < 1δ

0 otherwise
(10)

where hτ,1α,1δ (B,D) represents the subhistogram and B
and D represent the bin indices for α and δ, respectively
(B = 1, 2, . . . , k; D = 1, 2, . . . , l). In (8) and (10), in case
the selected values of 1α and 1δ is too small, it may result
in histogram not exhibiting all the peaks of sound sources.
On the other hand, too large values will make the resolu-
tion worse. However, this can be adjusted through empirical
attempts. Thus, the subhistogram of each unit time can be
observed (Fig. 2). On each subhistogram, irregular patterns
of low heights (shown in colors) appear at many positions
excluding the peaks. These patterns indicate the biases in the
TF points outside the direct path between the sound source
and the sensor.

FIGURE 2. Subhistogram hτ,1α,1δ
(
B,D

)
, which is generated using the TF

chart of each time frame.

The bar height of the bin of (B,D) = (i, j) can be
expressed as hi,j (τ ) in the entire series of subhistograms,
where τ= 1, 2, . . . ,τmax (i.e., hi,j (τ ) = hτ ,1α,1δ (i, j)).

The analysis results indicate that a visual plane can be
established using the infinity norm for the easy observation of
intermittent sound sources and the accurate calculation of the
number of unknown sources. Moreover, a visual plane based
on variances can be constructed to highlight the peaks and
reinforce the robustness against noise floors. The remainder
of this section describes the new methods proposed in this
paper.

A. MAXIMUM DISTRIBUTION
The bar heights of sound sources with high activity time per-
centages tend to be significantly higher than those of instan-
taneous sound sources in a histogram. Thus, instantaneous
sound sources are difficult to detect and easy to overlook,
which leads to source separation failure. Regardless of the
activity time percentage, when a sound source is active, a sig-
nificant bar height is generated in its subhistogram. Accord-
ingly, the highest instantaneous bar height in a subhistogram
should be preserved to highlight the presence of an instan-
taneous sound source. In this study, the infinity norm was
used to capture the maximal hi,j (τ ) value, which was used to
obtain α and δ height distribution on the plane. This distribu-
tion is referred to as the distribution of maximum bar height,
which is also known as the maximum distribution, or Max-
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Dist. Let a random variable Xi,j (τ ) denote the hi,j (τ ) value
that occurs in the τ th subhistogram (τ = 1, 2, . . . , τmax).
In this case, Max-Dist is defined as follows:

Pmax (B,D) =
[
||Xi,j(τ )||∞

]
k×l (11)

where Pmax (B,D) represents Max-Dist; B and D represent
the bin indices for α and δ, respectively (B = 1, 2, . . . ,
k; D = 1, 2, . . . , l); and ||Xi,j(τ )||∞ represents the maxi-
mal value of Xi,j (τ ). Compared with histograms, Max-Dist
considerably reduces the peak differences caused by the
time percentage differences between sound sources, thereby
enabling easy detection of instantaneous sound sources. The
experimental results of this study confirmed that Max-Dist
is a suitable index for observing peaks and estimating the
correct number of unknown sound sources and accurate peak
positions.

B. VARIANCE DISTRIBUTION
Ideally, when a microphone is used to receive a full-
bandwidth sound source that has been active for a long time
through only a direct path, only a slender peak appears in the
subhistogram of every instant. Moreover, the peak’s position
does not change over time. With disturbances by reflec-
tions or reverberations in the real environment, unpredictable
deviations occur in the peak positions. However, the instan-
taneous biases are highly likely to neighbor the accurate
position

(
ᾱn, δ̄n

)
closely and usually occur around it. This

phenomenon indirectly leads to frequent andmassive changes
in the bar height of the accurate position over time. Thus,
the position of each

(
ᾱn, δ̄n

)
point on a subhistogram is the

least stable position in terms of bar height changes. Therefore,
changes in bar heights are a critical indicator of accurate peak
positions. Larger changes in hi,j (τ ) lead to a higher likelihood
for (i, j) to be the accurate position of an unknown sound
source. Conversely, the data distribution of hi,j (τ ) farther
from the accurate source position is more stable and closer
to zero (see Fig. 3 for the numerical analysis).

FIGURE 3. Distribution chart, means, and variances of hi,j (τ), where the
x-axis represents hi,j and the y-axis represents the occurrence frequency
of hi,j : (a) when

(
i, j

)
is at the top of the peak, (b) when

(
i, j

)
is at the

middle of the peak, (c) when
(
i, j

)
is at the bottom of the peak, and

(d) when
(
i, j

)
is far away from the peak. The closer

(
i, j

)
is to the top of

the peak, the higher the variance becomes. At positions far away from the
peak, nearly no changes are detected in the bar heights and the variance
is close to 0.

Let Xi,j be a random variable with various values of
hi,j (τ ), τ = 1, 2, . . . , τmax . Let µi,j denote the mean of
Xi,j. Because a histogram is the accumulation of hi,j (τ ) (i.e.,

H1α,1δ (B,D) = 6τ
[
hi,j (τ )

]
k×l), µi,j represents the first

moment of Xi,j (i.e., the mean). The following equation indi-
cates that the accumulation of hi,j (τ ) and the mean of Xi,j are
proportional:

6τ
[
hi,j (τ )

]
k×l ∝

[
µi,j

]
k×l (12)

Thus, histograms represent the first moments of bar
heights. If

(
ᾱn, δ̄n

)
is situated in the (i, j) bin, the queue data

on the bin have a higher mean than those in the surrounding
areas, which is the basis of the original histogram defined
using the DUET. Let the second central moment (i.e., vari-
ance) of hi,j (τ ) be the new metric index for the bar height
distribution on the αδ plane. This index is referred to as
the distribution of bar height variance and is also known
as variance distribution, or Var-Dist. Var-Dist is defined as
follows:

Pvar (B,D) =
[
σ 2
i,j

]
k×l

(13)

where Pvar (B,D) represents Var-Dist and σ 2
i,j =

var
[
Xi,j (τ )

]
k×l = E

[(
Xi,j (τ )− µi,j

)2]
k×l

. The closer
(i, j) is to the accurate position of the unknown sound
source, the higher is the variance in hi,j (τ ), as con-
firmed by the variance comparison depicted in Fig. 3. The
peak positions in the Var-Dist diagram indicate the cor-
rect paired attenuation–delay parameters of unknown sound
sources.

Notably, the higher the number of TF points that do not
satisfy the W-DO in a sample, the fewer is the number of
TF points with accurate values of

(
ᾱn, δ̄n

)
. Thus, the higher

the number of TF points that do not satisfy the W-DO in
a sample, the shorter is the bar height of the accurate peak
position. Reduced bar heights are also observed in the sur-
rounding area of the accurate peak position. In the extreme
case, the peak may deviate from its accurate position. The
changes in the bar heights of the accurate peak position
and its surrounding area caused by the weakened W-DO in
the Var-Dist diagram are not as profound as those in the
original histogram. The reasons for this phenomenon are as
follows: (i) the changes in hi,j (τ ) at the accurate position
are less stable than those in its surrounding area and (ii) the
variance σ 2

i,j of the accurate position is higher than that at any
point in the surrounding area. The differences in variances
between the aforementioned positions enable easy identifi-
cation of the accurate peak position of an unknown sound
source (Fig. 4).

IV. EXPERIMENTAL RESULTS
Two examples are presented to demonstrate the advantages
of the methods employed in this study over the conventional
histogram. The first example involves using Max-Dist to
test the changes in the difference in the bar heights of the
peaks between the two sound sources with different time
percentages. The second example demonstrates the improve-
ments of Var-Dist over the conventional histogram in terms of
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FIGURE 4. Comparison between histograms and Var-Dist in terms of the
effectiveness of analysis on samples with white noise: (a) histogram
analysis with a signal-to-noise ratio (SNR) of 20 dB, (b) histogram
analysis with an SNR of 5 dB, (c) histogram analysis with an SNR of
−3 dB, (d) Var-Dist analysis with an SNR of 20 dB, (e) Var-Dist analysis
with an SNR of 5 dB, and (f) Var-Dist analysis with an SNR of −3 dB. The
shapes of the peaks in the Var-Dist analysis are considerably improved
over those in the histograms.

the deviation of peaks from their accurate positions and the
shapes of the peaks.

A. EXAMPLE 1: MAXIMUM DISTRIBUTION
Example 1 indicates that the peak height difference between
two sound sources as indicated by Max-Dist is not
significantly affected by the difference in their activity time
percentages. An experiment was conducted in an indoor envi-
ronment, where audio samples were recorded at a sampling
frequency of 16,000 Hz according to the restriction condition
listed in (6). Ideally, the two microphones must be set no
farther apart than 2.15 cm from each other. The two micro-
phones were set 1.5 cm apart from each other in this study
to fulfill the aforementioned condition. Speakers were set at
a distance 1m and at 45◦ and 135◦ from each microphone
to broadcast music and speech simultaneously for forming
mixtures.

After the recording was complete, the mixtures were
cropped into two 40,000-point segments in length to compare
the analysis results for different time percentage differences
between the two sound sources. The frequencies of the two
segments were adjusted and merged to create mixtures with
different time percentages from the two sound sources. The
segment xsk contained only music as the active sound source,
and this segment was considered to represent a sound source
with a high percentage of activity time. The segment xck
comprised music and speech as active sources, and this seg-
ment was considered to represent instantaneous sound source
activities. The aforementioned two segments were arranged
in various proportions to create new mixtures by using the
following ‘‘repmat’’ function from MATLAB:

for k ← 1 to 2 do

xmix
k ← [repmat(xck ,L, 1); repmat(xsk , 50− L, 1)];

end for

where xmix
k represents the kth new mixture (k = 1, 2, . . .)

and L = 0, 1, 2, . . . , 50 represents the number of which the
instantaneous source xck is repeated. Eachmixture was created
by repeating xckL times and then repeating xsk50 − L times
in succession. The total length of each completed mixture is
2,000,000 points. Thus, the mixtures required in this study
were created simply by adjusting L, and the time percentage
of the instantaneous sound source constituted 2L% of the
total length of the mixture. Fig. 5 illustrates the recorded
samples in this study, and source separation was conducted by
adopting the DUET after obtaining Max-Dist by using (11).
Fig. 6 presents a comparison of the peak changes in the
conventional histogram and Max-Dist.

FIGURE 5. Recorded samples in this study and source separation through
the DUET: (a) clean speech source; (b) one of the mixtures; (c) separated
music source, which exhibited a high time percentage; and (d) separated
speech source, which exhibited a low time percentage.

FIGURE 6. Comparison between the histogram and Max-Dist on peak
values: (a) histogram with xc

k constituting 98% of the total mixture
length, (b) histogram with xc

k constituting 2% of the total mixture length,
(c) Max-Dist with xc

k constituting 98% of the total mixture length, and
(d) Max-Dist with xc

k constituting 2% of the total mixture length.
As shown in (c) and (d), no significant changes occurred in Max-Dist.
Moreover, the peaks in Max-Dist correspond to the speech source, which
was shorter but more active than the music source.

The peak height difference ratio dpeak between the two
sound sources is defined as the bar height difference as
follows:

dpeak = (hpeak1 − hpeak2)/hpeak1 (14)
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where hpeak1 and hpeak2 denote the high peak and low peak,
respectively. The ratio can be regarded as an index of the
quality of the performed experiment. The lower the ratio, the
higher was the satisfaction level for the experiment. Fig. 7
presents a comparison between the conventional histogram
and Max-Dist method.

FIGURE 7. Comparison between the histogram and Max-Dist on the peak
height difference ratios (dpeak) with various time percentages for xc

k .
A higher time percentage for xc

k led to a lower dpeak value in the
histogram. In Max-Dist, dpeak decreased to 0.3650 when the time
percentage of xc

k started to increase from 0% and remained consistent
until the time percentage reached 100%.

As displayed in Fig. 7, the dpeak in the histogram decreased
gradually as the time percentage increased for xck . When the
time percentage of xck was 2%–98% in Max-Dist, the peak
values of both sound sources were maintained at the max-
imal height; thus, dpeak remained constant. Although dpeak
changed when the time percentage reached 100% because
of a lack of information from one of the two segments in
the mixtures, the dpeak value in Max-Dist was considerably
lower than that in the histogram. Therefore, the time per-
centages of the sound sources in the histogram significantly
influenced the peak heights. A higher time percentage dif-
ference between the sources led to a higher difference
ratio in their peak heights. The peak height difference
ratio in Max-Dist was up to 50% lower than that in the
histogram.

Thus, the presence of a sound source can be highlighted by
Max-Dist regardless of its time percentage. Compared with
the histogram, Max-Dist enables more effective observation
of the peaks of instantaneous sound sources, which leads
to the reliable calculation of the number of unknown sound
sources in mixtures.

B. EXAMPLE 2: VARIANCE DISTRIBUTION
Example 2 demonstrates the advantage of Var-Dist over the
conventional histogram in accurately estimating peak posi-
tions under a high noise disturbance. The test environment in
Example 2 was the same as that used in Example 1; however,
the music source in Example 1 was replaced with a speech
source with combined male and female voices in Example 2.
The original speech source was the same in both examples.

FIGURE 8. (a) A waveform of mixture with an SNR of 0 dB and (b) high
noise disturbance in the TF chart.

After the recording was complete, the two obtained mixtures
were mixed with white noise to weaken the W-DO of the
sound sources substantially (Fig. 8). The noise disturbance
was adjusted using the signal-to-noise ratio (SNR). A smaller
SNR indicated higher noise disturbance. The SNR is defined
as follows:

SNR := 10 log10
||xk + ek ||2

||ek ||
(15)

where xk and ek represent the kth mixture and the random
white noise it carries (k = 1, 2, . . . ), respectively. The peak
value was defined using the following equation to estimate
the bias in the peak position for determining the quality of
the conducted experiment:

dbias =
1
N

∑N

n

√
(αn − ᾱn)

2
+
(
δn − δ̄n

)2 (16)

where dbias represents the average bias in the estimated peak
position when each grid in the (B,D) plane is considered a
unit. A smaller dbias value indicates more accurate estimation
results. The total number of bins for both axes was set as
125. The parameters ᾱn and δ̄n represent the correct values
for the nth sound source, determined by the attenuation and
delay obtained from the histogram prior to adding noise,
whereas αn and δn indicate the estimated values for this sound
source. The conventional histogram and Var-Dist, which was
established using (13), were compared in terms of the biases
between the estimated and correct peak positions under SNRs
between 20 and −20 dB. At each SNR, random noise was
tested 100 times (see the top diagram in Fig. 9). Ideally,
a peak should be tall and slender. To compare the peak shapes
generated using the conventional histogram and Var-Dist, the
full width at half maximum (FWHM) standard was employed
as the index of the ideal peak shape. A lower FWHM value
indicated a more suitable peak shape (see the bottom diagram
in Fig. 9).

As displayed in Fig. 9, among the three adopted methods
(i.e., histogram, Var-Dist, and Max-Dist), Var-Dist exhibited
the lowest peak position biases and the slenderest peak shapes
at most SNRs. AlthoughMax-Dist and Var-Dist did not differ
substantially in position biases, the peaks obtained withMax-
Dist were considerably wider than those obtained with Var-
Dist. Therefore, the peaks obtained with Var-Dist were the
most stable peaks at most SNRs. The difference in peak
position biases between Var-Dist and the histogram began
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TABLE 1. Comparison of different methods for determining attenuation and delay.

FIGURE 9. Biases in the estimated peak positions (top) and the FWHM
indices (bottom) under SNRs between 20 and −20 dB.

to decrease gradually only after the SNR reached −3 dB or
lower. Compared with histogram, Var-Dist reduces the bias
by 86.6% when SNR is 5dB, reduces by 71.32% when it
is 0dB, and reduces by 39.5% when it is -3dB. According
to [11], the weight parameters (p = 2, q = 2) in the his-
togram of the DUET can be adjusted to improve the peak
estimation accuracy at a low SNR. This finding is consistent
with the results of the experiment conducted for Example 2.
Fig. 10 depicts a comparison between the three analysis
methods under the same condition.

FIGURE 10. Peak position biases at the weight parameters of p = 2 and
q = 2 under white noise disturbance for SNRs between 20 and −20 dB.

As displayed in Fig. 10, because of the weight parameters
p and q, the biases in the histogram decreased substantially
when SNR ranged between −5 and 5 dB. However, under
the same condition Var-Dist exhibited the lowest biases.
When the SNR reached −10 dB or below, the noise had
completely obstructed the true data and the bias differences
between the three methods ceased to be significant. The
results of the aforementioned experiment confirmed that
the biases in Var-Dist remained extremely low even when
the W-DO in the mixtures was weak. This result indi-
cates the strong robustness of Var-Dist against noise distur-
bance and the ease of observing peak shapes by using this
index. Therefore, Var-Dist is more suitable than the con-
ventional histogram for analyzing peaks in mixtures with
a low SNR. According to the results, Table 1 presents
a comparison of these two indices and the conventional
histogram.

C. ACTUAL CASES
Here we used real recordings that have not been edited or
processed as experimental mixtures and considered two cases
to reveal that Max-Dist and Var-Dist proposed in this work
have indeed enhanced the performance of the conventional
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DUET histogram. In terms of experimental environment set-
tings, the indoor space, the distance between microphones,
and the angle and distance of the sound sources are the same
as Example 1 and Example 2.

FIGURE 11. Patterns of peaks in Case 1 using: (a) Histogram, (b) Var-Dist,
and (c) Max-Dist. It can be seen that (a) and (b) cannot capture the peaks
of the instantaneous sound source.

1) CASE 1: MAX-DIST
The two sound sources are male and female speeches. The
total time of the mixtures is 60 seconds. The female speech
time is quite short, only 3.6 seconds in total. Experimen-
tal results proved that neither the DUET histogram nor the
Var-Dist method can determine the attenuation and delay of
mixtures, only Max-Dist can do it. As shown in Fig. 11,
only one peak is displayed on the histogram and Var-Dist,
while Max-Dist can highlight the peak positions of the two
sound sources. We then separated two speech sources based
on the attenuation delay obtained by Max-Dist, which is
shown in Fig. 12. As shown in Fig. 11, only one peak is
displayed by the histogram and Var-Dist, while Max-Dist
can highlight the peak positions of the two sound sources.
We then separated these two speech sources based on the
attenuation and delay obtained byMax-Dist, which are shown
in Fig. 12.

FIGURE 12. Comparison of waveforms before and after sound source
separation. In order to check the correctness of the sound sources
separated by the Max-Dist method, only the partial time length is shown
here.

In this case, the sound source with short time percentage
results in too small peak on the conventional histogram,
which is unable to be determined. However, the Max-Dist
method can completely overcome this problem.

FIGURE 13. Patterns of peaks in Case 2 using: (a) Histogram, (b) Var-Dist,
and (c) Max-Dist. It can be seen that the second peak corresponding to
(a) and (c) is very ambiguous, which will lead to incorrect subsequent
separation.

FIGURE 14. The waveform diagrams in Case 2 contain the sound sources
(not yet polluted by noise), mixtures, and the estimated sound sources
separated by Var-Dist. Among them, source 2 is the sound source
corresponding to the second peak discussed in Fig. 13. In order to avoid
unpredictable factors in the three methods, the separation results
without noise reduction were compared.

2) CASE 2: VAR-DIST
In this Case, we set up two loudspeakers on the ceiling to
play rain recordings as environmental sound effects, corre-
sponding to the white noise simulated in Example 2. The
two sources are male and female speeches with similar activ-
ity time percentages. The experimental results are shown
in Fig. 13, where only one peak of histogram and Max-Dist
can be confirmed, and the peak corresponding to the other
sound source is difficult to identify where it is located. Var-
Dist can present two obvious peaks. Based on the attenuation
and delay obtained by the Var-Dist method, we subsequently
separated two noise-contained sound sources, and showed
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the sound sources and mixtures used in this experiment
in Fig. 14.

This real case shows that a certain degree of noise interfer-
ence will make the histogram unable to determine the correct
peak position of the sound source. Var-Dist can overcome
this problem. For mixtures with excessive noise, without
applying any noise reduction, Var-Dist can obtain the correct
parameters for subsequent separation of DUET.

In the end, we fed themixtures in Case 1 and 2 as the data to
other well-known methods for comparison. The performance
indices for comparison are SDR and SIR. The tool we used
is the well-known BSS_EVAL_TOOL [22]. The methods
included in the comparison are listed below: (i) Dictionary
Learning Blind Sources Separation (DL) [23], (ii) Fast Fixed
point ICA (FastICA) [5], (iii) Equivariant Robust Indepen-
dent Component Analysis algorithm (ERICA) [24], (iv) Con-
volutive blind source separation (ConvBSS), (v) InfoMAX,
(vi) P-ICA[7], (vii) UCBSS: Underdetermined Convolutive
Blind Source Separation (UCBSS) [9], (viii) DUET, and (ix)
DUET using the proposed Maximum Distribution (Max-D)
or the proposed Variance Distribution (Var-D).

FIGURE 15. Comparison results of various methods using SDR and SIR.
(Above) Case 1: The mixtures are the combination of the speeches with
long and short activity time percentages. (Below) Case 2: The mixtures
are disturbed by excessive noise. Max-Dist and Var-Dist can correctly find
the attenuation and delay of the sound sources and use DUET to
decompose them.

The comparison results in Fig. 15 show that the
performance of our proposed methods is excellent. Other
methods cannot effectively deal with Case 1 and 2,
because such special circumstances will strongly affect the

assumptions of those methods on the distribution of sound
sources.

V. CONCLUSION
In BSS through the DUET, efficiently determining peak posi-
tions in the histogram is critical for reconstructing sound
sources. An unsatisfactory histogram prevents the accurate
identification of parameters corresponding to unknown sound
sources, which decreases the likelihood of successful source
separation. Realistically, some sound sources are difficult to
detect in a histogram because of their short time percentages,
and excessive noise floors in mixtures also prevent the confir-
mation of peaks. Therefore, the conventional histogram was
converted into Max-Dist and Var-Dist in the current study to
solve the aforementioned problems. The experimental results
confirmed that Max-Dist and Var-Dist were superior to the
conventional histogram in terms of the peak shapes and
peak position estimation accuracy. At a low SNR, Var-Dist
exhibited the strongest robustness among the three methods.
In most cases, Max-Dist and Var-Dist can replace the conven-
tional histogram in the direct estimation of the attenuation and
delay of unknown sound sources.
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