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Abstract—The interchannel phase difference (IPD) may be one
of the most widely-used spatial cues in multichannel speech process-
ing, and has been used in beamformers and post filters for speech
enhancement. The coherence, which is also used as a feature for
speech enhancement, can provide information on the reliability of
the IPD for the estimation of the speech presence probability (SPP).
In this paper, we propose dual microphone speech enhancement
adopting a posteriori SPP estimation based on statistical modeling
of the IPD. The marginal distribution of the IPD is derived from the
distribution of the relative transfer function which is parameterized
with the IPD and coherence, with a single assumption that the
observed discrete Fourier transform (DFT) coefficients in each fre-
quency are distributed according to a complex bivariate Gaussian
distribution. Given the direction of arrival of the desired signal, the
a posteriori SPP is obtained using the IPD distributions with and
without the information on the location of the interfering source,
and is applied to speech enhancement. Experimental results for
various types and locations of noise, signal-to-noise ratios, rever-
beration times, and locations of the target source showed that the
proposed method outperformed previously proposed approaches
utilizing IPD information.

Index Terms—Interchannel phase difference, probability density
function, speech enhancement, speech presence probability, target
direction.

I. INTRODUCTION

S PEECH enhancement aims to improve the quality and in-
telligibility of degraded speech signals. For single channel

speech enhancement, spectro-temporal characteristics of the
speech signal are exploited traditionally [1], [2], [3], [4], [5],
[6]. With two or more microphones, the spatial cues such as
the interchannel level difference (ILD) and interchannel phase
difference (IPD) can be also utilized to further improve the
performance [7], [8], [9], [10], [11]. For the cases when the
distances between the desired source and microphones are much
bigger than the distances among microphones, the IPDs may be
the most important spatial cue [12], [13], [14], [15], [16], [17].
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There have been many researches that utilize the IPD informa-
tion for spatial filtering or post filters [18], [19], [20], [21], [22],
[23], [24], [25], [26], [27]. Beamformers such as delay-and-sum
beamformer (DSB) and superdirective beamformer (SDB) may
be the most well-known examples of the spatial filter that pre-
serve the signal from the desired direction while suppressing
signals from all other directions [12]. These spatial filters are
usually followed by the post filters for further enhancement [12],
[18], [19], [20], [21], [22], [23], [24], [25], [26], [27]. The phase
error filter (PEF) [18] is an IPD-based post filter that determines
the spectral gain as a function of the phase error, which is the
deviation of the observed phase difference from the IPD for
the desired direction. [19] slightly modified the PEF so that the
gain function has a form of a zero mean Gaussian distribution
of the phase error for which the variance parameter depends
on the frequency. In [20], the distribution of the observed
direction-of-arrival (DoA) is modeled as a mixture of two von
Mises distributions for which the parameters are estimated by
the expectation-maximization algorithm. The binary masks are
determined by the maximum a posteriori decision based on this
distribution and applied to input spectra with channel weighting.
A similar approach was proposed in [21] where the distributions
of the DoA for speech absence and presence are modeled with
a uniform distribution and a Gaussian distribution instead of
von Mises distributions. In [22], the normalized IPD is used to
estimate the target-to-non-target directional noise ratio, which in
turn is used to estimate the signal-to-noise ratio (SNR) used for
a Wiener filter gain function. The real and imaginary parts of the
coherence function are also utilized to construct a gain function
to suppress correlated noise in a specific configuration of mi-
crophones and sources [23], [24], [25], [26]. In [27], the speech
presence probability (SPP) given the normalized inner product
Δ between the relative transfer functions (RTFs) estimated from
the current input and those for the desired signal is used as a
spectral gain for the post filter. The parametric distributions of
Δ for the speech presence and absence are configured based
on the empirical analysis on the distribution of Δ. In [28],
the gain function is constructed utilizing nonnegative matrix
factorization of the input spectrograms and the SPP estimator
for each dictionary atom.

Most of the IPD-based post filters determine gains as a
function of IPDs without considering the reliability of the ob-
served IPDs [18], [19], [22], [28]. Although statistical model-
ings were introduced in [20], [21], they were used to estimate
binary masks which limited the performance although channel
weighting scheme was utilized. In this paper, we propose a dual
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microphone speech enhancement based on the a posteriori SPP
estimation employing a circular distribution of the IPD. The dis-
tribution of the IPD is derived from a single assumption that the
discrete Fourier transform (DFT) coefficients for microphone
signals in each frequency follow a complex bivariate Gaussian
distribution, for which the magnitude of the coherence plays
a role of a concentration parameter. The a posteriori SPP is
obtained from the likelihoods of the IPD for the absence and
presence of the desired speech for two different cases depending
on the availability of the location of the interfering source, and
is applied to speech enhancement. Experimental results with
various target and interference DoAs, types and levels of noise,
and reverberation times showed that the proposed method out-
performed the conventional methods in terms of the perceptual
evaluation of the speech quality (PESQ) scores [29] and the
short-time objective intelligibility (STOI) [30].

II. DUAL MICROPHONE SPEECH ENHANCEMENT ADOPTING

SPEECH PRESENCE PROBABILITY BASED ON STATISTICAL

MODELING OF IPDS

In this section, we first introduce the signal model and problem
statement for dual microphone speech enhancement based on
IPDs in Section II-A, and derive the distribution of IPDs in
Section II-B. Two versions of the a posteriori SPP using the
IPD distribution and the speech enhancement gain function are
presented in Section II-C. The modeling of the IPD likelihoods
and the estimation of the related statistics needed to compute the
a posteriori SPP in Section II-C are given in Section II-D.

A. Signal Model and Problem Statement

Let Ym(l, k),Xm(l, k), andNm(l, k),m ∈ {0, 1} denote the
K-point DFT coefficients for input microphone signal, desired
signal, and the noise for the m-th microphone in the k-th
frequency bin and the l-th frame, respectively. With additive
noise assumption, they are related as

H0 : Ym(l, k) = Nm(l, k), (1a)

H1 : Ym(l, k) = Xm(l, k) +Nm(l, k), (1b)

under the hypotheses H0 and H1 that represent speech absence
and presence, respectively.

Traditionally, interchannel time differences (ITDs) have been
regarded as the most important spatial cues, especially for the
far-field scenario in which the distance between sources and
microphones is much larger than the inter-microphone distances
and thus ILDs are negligible [31]. In the frequency domain
processing, the IPDs are the most popular statistics representing
ITDs, and many spatial filters incorporating IPDs have been pro-
posed in addition to the traditional beamformers. The observed
IPD Δψy(l, k) can be represented as

ΔψY (l, k) = ∠(Y0(l, k)Y ∗
1 (l, k)), (2)

where the argument and the complex conjugate of a complex
number z are denoted as ∠z and z∗, respectively. The observed
IPDs deviate from the IPD for the desired direction by ambient
noise, directional interference, and reverberation.

In this paper, we estimate the spectrum of the clean speech,
X0(l, k), based mainly on the observed phase difference
ΔψY (l, k) assuming that the DoA of the desired signal is known,
by establishing the statistical model for ΔψY (l, k). The distri-
bution of the IPD is derived based on a single assumption that the
DFT coefficients for two microphone signals in each frequency
follow a complex bivariate Gaussian distribution. With far-field
assumption, the a posteriori SPP is obtained as a function of
IPDs using the distributions of IPD under speech presence and
absence, which is used for noise reduction.

B. Distribution of Interchannel Phase Difference

Let Y(l, k) = [Y0(l, k), Y1(l, k)]
T denote the vector of the

DFT coefficients of two microphone signals. The frame and
frequency indices are omitted afterwards for brevity. The real
and imaginary parts of Ym are assumed to be independent
and follow the zero-mean Gaussian distribution with the same
variance as in [10], [32], [33]. Then, the probability density
function (PDF) for the vector Y becomes the bivariate complex
normal distribution which is circular [34], [35], expressed as

pY(y) =
1

π2|detΣ|e
(−yHΣ−1y), (3)

where | · | denotes the absolute value, detA is the determinant
of a matrix A, and

Σ = E[YYH ]

=

[
φY0Y0

ρY
√
φY0Y0

φY1Y1

ρ∗Y
√
φY0Y0

φY1Y1
φY1Y1

]
, (4)

in which E[·] is the mathematical expectation, φY0Y0
=

E[|Y0|2], φY1Y1
= E[|Y1|2], and ρY =

E[Y0Y
∗
1 ]√

φY0Y0
φY1Y1

is the co-

herence function between two microphone signals. The ratio
between Y1 and Y0, U1 = Y1

Y0
= Re−iΔψY , follows a complex

normal ratio distribution [36], [37] given by

pU1
(u1) =

1

π|detΣ|(ũHΣ−1ũ)2
, (5)

where Ũ = [1, U1]
T = [1, Y1

Y0
]T . pU1

(u1) can be also repre-
sented in the polar coordinate system as pR,ΔψY

(r,Δψy), and
the marginal PDF of the observed phase difference ΔψY can be
described as

pΔψY
(Δψy)

=
1− α2

2π(1− η2)

[
η√

1− η2
arccot

(
−η√
1− η2

)
+ 1

]
, (6)

where η = α cos (Δψμ −Δψy), α = |ρY |, and Δψμ = ∠ρY
[38]. The IPD distribution in (6) is derived from a single as-
sumption that the DFT coefficients of the microphone signals
for each frequency follow a complex bivariate Gaussian dis-
tribution. Fig. 1 shows the examples of the distribution in (6)
for a particular mean direction Δψμ with various values of α.
The parameter α, which is the magnitude of the correlation
coefficient ρY between spectra of two microphone signals,
determines how concentrated the distribution of IPD is around
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Fig. 1. Examples of the IPD distribution for a particular mean direction Δψμ
with various values of α.

the mean direction Δψμ, which is the phase of the correlation
coefficient ρY . By specifying two parameters, we can denote
pΔψY

(Δψy) as pΔψY
(Δψy; Δψμ, α). It is noted that the IPD

distributions under the hypotheses H0 and H1 can be modeled
with pΔψY

(Δψy; Δψμ, α) in (6) with different parametersΔψμ
and α, which are used to compute a posteriori SPP in the
following subsection.

C. Speech Enhancement Using a Posteriori SPP Based on
IPD Distribution

The spectra of the clean speech in the primary microphone
can be estimated considering the speech presence uncertainty as

X̂0(l, k) = p (H1(l, k)|y(l, k))G(l, k)Y0(l, k), (7)

where p(H1(l, k)|y(l, k)) is the a posteriori SPP [39] for the
k-th frequency bin in the l-th frame andG(l, k) is a gain function
to estimate clean speech under the presence of the speech signal,
which may be based on spatial or spectral information extracted
from the microphone signals. In this paper, however, we focus on
the estimation of the a posteriori SPP utilizing the distribution of
the IPD and letG(l, k) = 1 as in [40], [41]. It is noted that further
analysis considering speech quality is required when applying
both the gain function G(l, k) and the SPP p(H1(l, k)|y(l, k)).

By specifying the four components in the observation y
as |y0|, r = |y1|/|y0|, ∠y0, and Δψy and assuming that the
signals are coming from the far-field and the phase of the first
microphone signal is not important to estimate the presence of
speech signal, the a posteriori SPP can be represented as (8)
shown at the bottom of the next page.

It can be further reduced into

p(H1|y)

=
p(H1|Δψy)p|Y0|

(
|y0|
∣∣∣H1

)
p(H1|Δψy)p|Y0|

(
|y0|
∣∣∣H1

)
+ p(H0|Δψy)p|Y0|

(
|y0|
∣∣∣H0

) ,
(9)

when we assume that the IPD does not affect the magnitude
spectrum of the primary microphone signal. The distribution of
the spectral magnitude for each hypothesis can be expressed as
a Rayleigh distribution given by

p|Y0|
(
|y0|
∣∣∣H0

)
=

2|y0|
φN0N0

e
−|y0 |2

φN0N0 , (10a)

p|Y0|
(
|y0|
∣∣∣H1

)
=

2|y0|
φX0X0

+ φN0N0

e
−|y0 |2

φX0X0
+φN0N0 , (10b)

assuming the complex bivariate Gaussian distribution of the
DFT coefficients in (3) where φX0X0

= E[|X0|2] and φN0N0
=

E[|N0|2] [34], [42].
p(H1|Δψy) in (9), which is the a posteriori SPP based only

on the observed IPD, can be represented using the Bayes’ rule
as

p(H1|Δψy)

=
p(H1)pΔψY

(Δψy|H1)

p(H1)pΔψY
(Δψy|H1) + p(H0)pΔψY

(Δψy|H0)
, (11)

where p(H1) and p(H0) denote a priori probabilities for speech
presence and absence, respectively. It is noted that the a poste-
riori SPP based on the IPD in (11) can replace the a posteriori
SPP based on the IPD and the spectral magnitude of the first
microphone signal in (9) when the local SNR in the time-
frequency bin is low, i.e., when p|Y0|(|y0|

∣∣H1) ≈ p|Y0|(|y0|
∣∣H0).

In the following subsection, we present how to determine the
parameters for the likelihoods for speech presence and absence,
pΔψY

(Δψy|H1) and pΔψY
(Δψy|H0) to construct (11), and the

details for implementation.

D. Estimation of the Parameters

1) Coherence of the Microphone Signals: One of the most
widely-used techniques to estimate the coherence function ρY
is to apply a recursive averaging [43]. The parameters Δψμ and
α can be obtained from the ρ̂Y (l, k) estimated through recursive
averaging as

ρ̂Y (l, k) =
̂φY0Y1

(l, k)√
̂φY0Y0

(l, k)̂φY1Y1
(l, k)

= α̂(l, k)ei
̂Δψμ(l,k), (12)

where

̂φY0Y1
(l, k) = β̂φY0Y1

(l − 1, k)

+ (1− β)Y0(l, k)Y
∗
1 (l, k), (13a)

̂φY0Y0
(l, k) = β̂φY0Y0

(l − 1, k) + (1− β)|Y0(l, k)|2, (13b)

̂φY1Y1
(l, k) = β̂φY1Y1

(l − 1, k) + (1− β)|Y1(l, k)|2, (13c)

and β is a forgetting factor.
2) Likelihood of the Observed IPD Δψy Given H1: The

likelihood of the observed IPD Δψy given each hypothesis
can be represented by (6) with appropriate Δψμ and α. To
evaluate pΔψY

(Δψy|H1) = pΔψY
(Δψy; Δψμ1

, α1), we need
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Fig. 2. Examples of the IPD-based SPP in (11) with α1 = α0 = 0.95 at
the 30th frequency bin when the desired and interfering sources are located
at −60◦ and 0◦, respectively. The configurations for pΔψY

(Δψy |H0) and
pΔψY

(Δψy |H1) resulting in three curves are specified in the legend.

to set the values for two parameters, Δψμ1
and α1, for each TF

bin. The value for the concentration parameter α1 is discussed
in Subsection II-D4. As for Δψμ1

, one approach is to use the
phase of the input coherence estimated in a similar way to (12)
and (13) in speech active regions, which is denoted as ∠ρ̂Y |H1

.
An alternative approach is to utilize the IPD for the desired
source, Δψx = ∠(X0(l, k)X

∗
1(l, k)), as the mean direction for

pΔψY
(Δψy|H1), i.e.,

pΔψY
(Δψy|H1) = pΔψY

(Δψy; Δψx, α1). (14)

Fig. 2 shows an example illustrating the relationship be-
tween the IPD-based SPP in (11) and the DoA θ(l, k) com-
puted from the observed phase difference ΔψY , i.e., θ(l, k) =

arcsin
(

ΔψY (l,k)K
2πfsk

c
d

)
, where fs, d, and c denote the sampling

frequency, the microphone spacing, and the speed of sound,

respectively, when the desired and interfering sources are located
at −60◦ and 0◦ with an equal power and α1 = α0 = 0.95. The
red and blue curves correspond to the a posteriori SPP based
on the observed IPD in (11) for Δψμ1

= ∠ρ̂Y |H1
and Δψμ1

=
Δψx, respectively, when pΔψY

(Δψy|H0) is assumed to be a
uniform distribution, i.e., all the IPD’s are equally likely when
the speech is absent. The SPPs for θ(l, k) = −60◦, which is the
DoA of the desired source, are marked with diamond symbols,
which correspond to the TF bins dominated by the target signal.
As the SNR in each TF bin can be higher or lower than the
average SNR due to the sparsity of the speech signal in the TF
domain, there may be TF bins with very high SNRs, for which
the a posteriori SPPs in (9) and (11) should be close to 1. As the
gain for those bins when Δψμ1

= ∠ρ̂Y |H1
marked with a red

diamond is too low which is not desirable, we setΔψμ1
= Δψx.

The adoption of theΔψx instead of∠ρ̂Y |H1
may be viewed in the

same line with the utilization of a fixed a priori SNR in [41]. [41]
employed a fixed a priori SNR for H1 in that the a priori SNR
should represent the SNR expected if speech were present, and
we use a fixed Δψx as the mean direction for IPD-based SPP for
H1. It is noted that pΔψY

(Δψy; Δψx, α1) in (14), which has the
form in (6) with α1 and η1 = α1 cos (Δψx −Δψy), becomes
a decreasing function of the absolute value of the phase error
ΔψE(l, k) � Δψx −Δψy wrapped into [−π, π] as in the PEF
[18].

3) Likelihood of the Observed IPD Δψy Given H0: The
likelihood of the observed IPDΔψy givenH0, pΔψY

(Δψy|H0),
may be configured differently depending on the availability of
the information on the location of the interfering source. When
we assume the diffuse noise field in which the noise can be
considered to propagate evenly in all directions [44], [45], or
that the location of the interfering source is unknown and cannot
be accurately estimated, pΔψY

(Δψy|H0) can be modeled as a
uniform distribution U(−π, π), or the distribution in (6) with
α = 0. In contrast, it would become pΔψY

(Δψy; Δψn, α0) if
only one directional interference is present and the DoA for the
interfering source is known in whichΔψn is the phase difference
for interfering source and α0 is the concentration parameter for

p(H1|y) = p

(
H1

∣∣∣|y0|, |y1||y0| ,∠y0,Δψy
)

= p(H1

∣∣∣|y0|,Δψy)
=
p
(
H1, |y0|

∣∣∣Δψy)
p|Y0|

(
|y0|
∣∣∣Δψy)

=
p(H1|Δψy)p|Y0|

(
|y0|
∣∣∣H1,Δψy

)
p|Y0|

(
|y0|
∣∣∣Δψy)

=
p(H1|Δψy)p|Y0|

(
|y0|
∣∣∣H1,Δψy

)
p(H1|Δψy)p|Y0|

(
|y0|
∣∣∣H1,Δψy

)
+ p(H0|Δψy)p|Y0|

(
|y0|
∣∣∣H0,Δψy

) . (8)
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Algorithm 1 Speech enhancement based on IPD distribu-
tion.

Input: Y0(l, k), Y1(l, k), Δψx(l, k)
1: Initialization: ̂φY0Y1

(0, k) = Y0(0, k)Y
∗
1 (0, k),

2: ̂φY0Y0
(0, k) = |Y0(0, k)|2, ̂φY1Y1

(0, k) = |Y1(0, k)|2.
3: for l = 1 : L do
4: Concentration degree:
5: Update ̂φY0Y1

(l, k), ̂φY0Y0
(l, k), ̂φY1Y1

(l, k) by (13)
6: Compute ρ̂Y (l, k) by (12)
7: α̂(l, k) = |ρ̂Y (l, k)|
8: Distribution of spectral magnitude:
9: Update ̂φN0N0

(l, k) by (16)
10: Compute a priori SNR as in [41]

11: Compute p|Y0|(|y0|
∣∣∣H0), p|Y0|(|y0|

∣∣∣H1) by (10)

12: IPD-based SPP:
13: Compute pΔψY

(Δψy|H1) using Δψx(l, k) and
α̂(l, k) by (14)

14: if Δψn is given then
15: Compute pΔψY

(Δψy|H0) using Δψn(l, k) and
α̂(l, k) by (15a)

16: else
17: pΔψY

(Δψy|H0) = U(−π, π) by (15b)
18: end if
19: Compute p(H1|Δψy) by (11)
20: a posteriori SPP:
21: Compute p(H1|y) by (9)
22: Output:

23: X̂0

IPDdist
(l, k) = p(H1(l, k)|Δψy(l, k))Y0(l, k)

24: X̂0

IPDdist,mag
(l, k) = p(H1(l, k)|y(l, k))Y0(l, k)

25: end for

it. The modeling of pΔψY
(Δψy|H0) is summarized as

pΔψY
(Δψy|H0)

=

{
pΔψY

(Δψy; Δψn, α0) ifΔψn known (15a)

U(−π, π) otherwise. (15b)

The blue and black curves in Fig. 2 corresponds to the
cases for pΔψY

(Δψy|H0) = U(−π, π) and pΔψY
(Δψy|H0) =

pΔψY
(Δψy; Δψn, α0), respectively. By utilizing the informa-

tion on Δψn, the interference can be suppressed more effec-
tively. It is noted that pΔψY

(Δψy|H0) can be expressed as a
mixture of (15a) and (15b) when one dominant interfering signal
is present along with diffuse noises, although this condition is
not tested in the experiments.

4) Concentration Degrees: The remained task to construct
(11) is to estimate α1(l, k), and possibly α0(l, k) if (15a) is
adopted for pΔψY

(Δψy|H0). α1(l, k) and α0(l, k) can be ob-
tained by (12) and (13) updated during speech presence and
absence, respectively. However, it may require a voice activity
detection module which is an additional burden, and may oc-
casionally make errors. Instead, we propose a simpler approach
that updates ρ̂Y with β regardless of the speech presence and
uses the magnitude of it as α1, and also as α0 when the DoA

of the interference is known and (15a) is adopted. The resulting
performance was similar to that using voice activity detection in
the preliminary experiments.

5) Speech and Noise Variances: To evaluate (9) without ig-
noring the effect of the spectral magnitude of the first micro-
phone signal, we need to further estimate the noise and speech
variances in (10), φN0N0

and φX0X0
. The noise statistics φN0N0

can be recursively updated in the following way [3]:

̂φN0N0
(l, k) = β̃n(l, k)̂φN0N0

(l − 1, k)

+ [1− β̃n(l, k)]|Y0(l, k)|2, (16)

where the time-varying smoothing factor β̃n(l, k) is also updated
with the SPP based on the observed IPD, p(H1|Δψy) as

β̃n(l, k) = βn(l, k) + (1− βn(l, k))p(H1(l, k)|Δψy(l, k)).
(17)

It is noted that p(H1|Δψy) is utilized instead of p(H1|y)
to prevent positive feedback from possible estimation error.

p|Y0|(|y0|
∣∣∣H1) in (10 b) is obtained in the same way as in [41]

by utilizing a fixed a priori SNR without estimating the speech
statistics φX0X0

directly.
The entire process to enhance the noisy speech is present in

Algorithms 1. It is noted that it includes both the method with the
a posteriori SPP considering the IPD and the spectral magnitude
in (9) and the one with the a posteriori SPP in (11) assuming
that the effect of the observed IPD is dominant.

III. EXPERIMENTS

A. Experimental Configurations

1) Experimental Configurations: To demonstrate the per-
formance of the proposed approach, we have evaluated the
PESQ scores and STOI for the noisy and enhanced signals
in the presence of noise and reverberation depending on the
SNR, RT60, target and interference DoAs and type of noise.
Fig. 3 illustrates the room configurations with the locations
of microphones, desired speakers, and interfering sources. The
size of the room was 7× 6× 2.5 m3, and two microphones
40 mm apart from each other were located at (3.5, 0.1, 1.6)
m as shown in Fig. 3. The desired speaker and the interfering
source were at two out of 14 candidate positions, for which the
height was 1.6 m, the distance to the microphones was either
1 m or 2 m and the DoA was among [−90◦, −60◦, −30◦,
0◦, 30◦, 60◦, 90◦]. We assumed that the DoAs for the desired
speaker and the interfering source were different. The desired
signal and the directional interference were simulated using the
image method [46], [47], while the diffuse noise was obtained
using the arbitrary noise field generator [48]. The speech signals
used as desired speech and directional interference were chosen
from the TIMIT database [49], which were 32 utterances spoken
by 16 male and 16 female speakers. Among 32 utterances, 14
utterances spoken by 7 male and 7 female speakers were used as
desired speech. The interfering speech for each desired speech
utterance was one utterance, and the gender combinations for
the desired and interfering speakers were (male, male) for 4
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Fig. 3. Room configuration with the locations of microphones, desired speak-
ers, and interfering sources.

pairs, (female, female) for 4 pairs, (male, female) for 3 pairs,
and (female, male) for 3 pairs. The remaining 4 utterances
were used to find suitable parameters for the proposed and
competing methods as described in the Subsection III-A2. The
diffuse noises were the babble, car, and factory noises from the
NOISEX-92 database [50] and the speech-shaped noise (SSN).
The reverberation time in terms of RT60 was [0, 0.1, 0.2, 0.3,
0.4, 0.5] s. The SNR was from −5 dB to 20 dB with 5 dB steps.
The total number of the test utterances was 112,896 (14 desired
speech × 6 SNRs × 14 target positions × (12 interference
positions + 4 diffuse noise) × 6 RT60) with the length of about
150 hours. 32 ms-long Hamming window was used with a frame
shift of 16 ms. The sampling frequency fs was 16 kHz, and thus
K = 512.

Additionally, to evaluate the performances in more realistic
environments, we have used the development set in SiSEC:
Audio Source Separation, denoted as D4 in [51]. The dataset
consists of 80 multichannel speech mixture signals each of
which is 10-second-long and sampled at 16 kHz. Both the true
desired signals and the true DoAs of the sources are given, but the
distances from the source to the microphone array are unknown.
The distance between microphones was 86 mm, and we utilized
only two microphone signals when more than two microphone
signals were available.

2) Implementation Details: Three versions of the proposed
SPP estimators were employed in the experiments. The first one
was the SPP considering both IPD and magnitude information
in (9), which is denoted as SPPIPDdist,mag. The other two methods
assumed that the magnitude information is less important than
IPD or p|Y0|(|y0|

∣∣H1) ≈ p|Y0|(|y0|
∣∣H0) and used p(H1

∣∣Δψy)
as p(H1|y). The computation of speech and noise variances
introduced in the Subsection II-D5 is not needed in this case.
The system with DoA information for the interfering source

using (15a) is denoted as SPPkno
IPDdist, while the one with uniform

distribution of ΔψY for speech absence as in (15b) is SPPunk
IPDdist.

G(l, k) in (7) was from the SDB for RTF-SPP [27] and
1.0 for all other methods as in the corresponding papers. As
for [28], the system using IPD-based atomic SPP was included
in performance comparison among several systems proposed
in [28], which showed the best PESQ scores in our experiments.
The performances of the DSB and SDB without post filters are
included as references.

To find appropriate parameters for the proposed and compet-
ing methods without examining the test data, we performed a
grid search to maximize the average PESQ scores for a small
set of data for which the desired speech was two utterances
spoken by one male and one female speakers. The directional
interference for each desired speech was one utterance spoken
by another speaker of a different gender with the desired speaker,
and 4 types of diffuse noises were also mixed with the desired
speech. All possible combinations of the locations of the desired
speaker and interfering sources were considered along with 6
SNRs and 6 RT60 s as for the test data. In this work,β in (13) was
set as 0.6 for SPPunk

IPDdist and SPPkno
IPDdist, and 0.2 for SPPIPDdist,mag.

SPPIPDdist,mag assumed that the DoA of the interference was
unknown, and βn in (17) was set to be 0.3. p(H1) and p(H0)
were set to 0.2 and 0.8, respectively. The DoA of the desired
source was assumed to be known in advance for all compared
methods in the main parts of the experiments, and then we
verified that the performance of the proposed method did not
degrade significantly when the DoA of the desired source was
estimated by the TDoA estimation method in [52].

B. Experimental Results

1) Comparison With Previous Approaches: The perfor-
mance of each speech enhancement method utilizing phase
differences was evaluated in terms of the PESQ scores and
STOI, for which the anechoic speech at the 0-th microphone
was used as the desired speech. Table I summarizes the perfor-
mances for each SNR, RT60, and target DoA, averaged over
all types of diffuse and directional noises. The performances
for each SNR are averaged for all RT60’s and target DoAs,
for example. The proposed method without utilizing magnitude
or interference DoA information, SPPunk

IPDdist, outperformed all
of the previously proposed systems in all SNRs, RT60’s, and
target DoAs1. The performance of the proposed method utilizing
the SPP considering IPD and magnitude in (9), SPPIPDdist,mag,
was slightly better, although the magnitude information turned
out to be unreliable for low SNR or high reverberation. The
performance with the interference DoA information, i.e., that of
SPPkno

IPDdist, was higher than that of SPPunk
IPDdist for all conditions. It

is noted that the average PESQ score for SPPunk
IPDdist when we set

the mean direction of the IPD forH1 as ∠ρ̂Y |H1
instead of Δψx

was 2.32, which was significantly lower than 2.76. On the other
hand, the average PESQ score for SPPunk

IPDdist with a fixed α was
2.59, which may imply that it was beneficial to allow to set α

1Some sound samples are available in the following url: https://sapl.gist.ac.
kr/demo/SMIPD/.
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TABLE I
PESQ SCORES OF THE PREVIOUS AND PROPOSED METHODS FOR EACH SNR, RT60, AND TARGET DOA AVERAGED OVER ALL TYPES OF NOISES

TABLE II
STOI’S FOR THE PREVIOUS AND PROPOSED METHODS FOR EACH SNR

AVERAGED OVER ALL TYPES OF NOISES

according to the signal coherence reflecting the IPD reliability.
The average STOI’s are also shown in Table II, in which we
can observe that the average STOI was also improved. One
distinct advantage of the proposed method is that the gain curve
depending on the phase error or DoA as in Fig. 2 evolves with
the concentration parameter α, which may be interpreted as a
reliability of the IPD, while DSB, SDB, and PEF used fixed gain
curves and the AtomicSPP used a fixed concentration parameter
determined experimentally. As for [20], applying binary masks
might have limited the performance, although the Gammatone
channel weighting might relieve it to an extent. The performance
of the single channel target speech activity decision might have
degraded the performance of speech enhancement for [22]. The
RTF-SPP in [27] has a different drawback in computing the
a posteriori SPP stemming from empirical modeling of the
likelihoods, which is the SPP, and thus the gain, becomes higher
when the normalized inner product between the desired and
observed RTFs gets closer to −1.

Fig. 4 shows an illustrative example of the spectrograms
and the SPP estimates when the interfering speech had the

TABLE III
AVERAGE PESQ SCORES FOR THE PROPOSED METHOD WITH AND WITHOUT

INTERFERENCE DOA IN THE PRESENCE OF A DIRECTIONAL INTERFERENCE

DEPENDING ON RT60

same power with the desired speech and RT60 was 0.4 s. The
SPP estimates and enhanced signals for the three versions of
the proposed method SPPunk

IPDdist, SPPIPDdist,mag, and SPPkno
IPDdist,

are shown with the input microphone signal and the anechoic
target signal. We can see that the noise and reverberation could
be reduced by the proposed methods, and SPPIPDdist,mag and
SPPkno

IPDdist preserved unvoiced speech better while leaving more
reverberation.

2) Utilization of the Interference DoA: To further analyze the
benefits of using the interference DoA, we compared the average
PESQ scores of SPPunk

IPDdist and SPPkno
IPDdist for each RT60 in the

presence of a directional interference only, excluding diffuse
noises, in Table III. SPPkno

IPDdist outperformed SPPunk
IPDdist, but

the improvement over SPPunk
IPDdist decreased as RT60 increased,

maybe because more reverberant component came from the
directions other than the DoA of the direct path interference. It is
noted that SPPIPDdist,mag could also be extended utilizing the DoA
of the interference, bringing about performance improvement.

3) Performance With Estimated Target DoAs: The experi-
mental results in Tables I–III assumed that the DoA of the
target speech was known a priori. To verify the robustness of
the proposed method to the target DoA estimation error, we
employed the TDoA estimator in [52] to estimate the DoA of
the target speech. With the estimator in [52], the average PESQ
score for SPPunk

IPDdist turned out to be 2.72, which was only 0.04
lower than that when the DoA of the target speech was known
in advance. We may conclude that the proposed method could
perform well with a practical DoA estimator.
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Fig. 4. Spectrograms of the 0-th microphone signal when the interfering speech had the same power with the desired speech and RT60 was 0.4 s, the SPP
estimates by SPPunk

IPDdist, SPPIPDdist,mag, and SPPkno
IPDdist, the anechoic target, and the signals enhanced by SPPunk

IPDdist, SPPIPDdist,mag, and SPPkno
IPDdist.

Fig. 5. The average PESQ scores for the development set D4 of the SiSEC
dataset with various IPD-based enhancement methods. Error bars indicate
standard errors.

4) Performance for Real-Recordings: Fig. 5 shows the av-
erage PESQ scores and standard errors for several IPD-based
enhancement methods for the development set D4 of the SiSEC
dataset. It is noted that SPPkno

IPDdist was not included because there
were multiple interfering signals with similar magnitudes in
many of the test data and thus pΔψY

(Δψy|H0) in (15a) was not
valid. AtomicSPP [28] exhibited slightly higher PESQ scores
than SPPunk

IPDdist, and SPPIPDdist,mag could achieve the highest
scores, although the performance differences were not signif-
icant among them. The spectrograms for an utterances from
the SiSEC dataset which contains three speeches coming from
−10◦, 53◦, and −57◦ and the cafeteria noise are present in
Fig. 6, in which the speech from −57◦ was considered to be the
target speech. We can observe that the proposed SPPIPDdist,mag

preserved high frequency components of the target speech better
than AtomicSPP [28].

Fig. 6. Spectrograms of input mixture and target signal along with signals
enhanced by AtomicSPP [28] and SPPIPDdist,mag for an utterance from SiSEC
D4 containing 3 directional speakers and cafeteria noise.

IV. CONCLUSION

In this paper, we propose a posteriori SPP estimation based
on statistical modeling of the IPD. The distribution of the
IPD is derived from the assumption that the DFT coefficients
for microphone signals in each frequency follow a complex
bivariate Gaussian distribution. The resulting distribution is
parameterized by the magnitude and phase of the coherence
between the DFT coefficients of two microphone signals, which
is employed to construct the a posteriori SPP. Three versions of
the a posteriori SPP estimator are proposed depending on the
availability of the interference DoA and the utilization of mag-
nitude information, and applied to the dual microphone speech
enhancement. Experimental results showed that the proposed
methods outperformed the conventional methods for various
types and locations of noise, signal-to-noise ratios, reverberation
times, and locations of the target.
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