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ABSTRACT

The conventional target power density spectrum (PSD) es-
timation methods based on the signal prediction inherently
produce a biased target PSD because of irrelevant assump-
tions for the noisy environment. In this paper, an unbiased
target PSD is obtained by removing the effect of diffuse noise
on the prediction filter. In addition, by on-line estimation of
both the noise PSD and target transfer function ratio (TFR)
from the input signals, the proposed algorithm achieves ro-
bust noise suppression for an unknown target direction under
a fast time-varying noisy environment. Computer simulations
demonstrate the effectiveness and superiority of the proposed
algorithm over the conventional methods.

Index Terms— target PSD estimation, binaural hearing
aids, interference reduction

1. INTRODUCTION

By wearing hearing aids in both ears, it is significantly eas-
ier to understand speech in noisy environments. The goal of
binaural noise suppression is to exploit further benefits for
improving user comfort and speech intelligibility by reducing
the environmental noise in a binaural signal. Real-life acous-
tic environments consist of various sound components, such
as the desired speech signal, diffuse noise, and directional
interference. Accordingly, speech enhancement algorithms
have to deal with all of the noise components in a unified
framework.

Two-stage binaural speech enhancement with a Wiener
filter (TS-BASE/WF) [1] is a recently proposed binaural
speech enhancement algorithm. In this algorithm, the inter-
ference component is first obtained after removing the target
signal based on equalization and cancellation (EC) theory,
and then the estimated interference component was compen-
sated using a Wiener filter. It was proven that the algorithm
could effectively deal with multiple directional noise sources
and preserve binaural cues. However, this method has no
consideration for diffuse noise characteristic, so that the per-
formance degradation is inevitable in an environment where

diffuse noise is substantial. More recently, binaural instanta-
neous estimator-based noise reduction scheme (BIENR) was
proposed [2]. This algorithm retrieved a target PSD in a noisy
environment using a linear prediction filter model. However,
this algorithm assumed that the noise field surrounding the
user of a hearing aid was dominated by directional inter-
ference sources. Thus, if there is diffuse background noise
with relatively significant power, the produced PSD estimates
can be biased, which eventually results in degradation in the
sound quality at the output of the noise suppression system.

In this paper, we propose an unbiased target PSD estima-
tor for binaural digital hearing aids operating in a complex
acoustic noisy environment. We numerically analyze the bias
of the prediction filter due to the diffuse noise, and a noise
suppression system based on the proposed target PSD estima-
tor is presented. The proposed algorithm alleviates the effect
of diffuse noise on the target PSD estimation by computing
the minimum mean square error (MMSE) of the prediction fil-
ter using the interference component only. In this process, the
transfer function ratio (TFR) of the target signal and the dif-
fuse noise PSD are assumed to be known, and in the proposed
binaural noise suppression system, those parameters are esti-
mated on-line.

2. UNBIASED TARGET PSD ESTIMATION
ALGORITHM

In an environment with complex noise, the binaural input sig-
nals can be represented in the frequency domain as

Xi(k, l) = S(k, l)Hi(k, l) + V (k, l)Bi(k, l) +Ni, i = L,R
(1)

where Hi(k, l) and Bi(k, l) are the acoustic transfer function
from the target speech and interference source to the hear-
ing aid user, respectively. S(k, l) and V (k, l) represent the
speech and interference sources. Ni is the background diffuse
noise propagating in all directions with equal power and ran-
dom phase [3][4]. k and l denote the frequency bin and frame
indices, respectively. The interference includes several direc-
tional talkers and additional transient noise sources, where a
dominant noise source originates from a specific direction.
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Thus, the interference shows a high correlation between the
left and right channel signals. On the other hand, background
noise sources are often uncorrelated with each other except
at low frequencies [3][4]. For the algorithm development, we
assume that E{S(k, l)V ∗(k, l)} = 0, E{S(k, l)N∗i (k, l)} =
0 and E{Ni(k, l)N∗j (k, l)} = 0 if i 6= j. Then, the auto-PSD
of the binaural input signal is represented as

ΦiX = E{|Xi|2} = |Hi|2ΦS + |Bi|2ΦV + ΦN

= ΦiS + ΦiV + ΦN , i = L,R. (2)

The frequency and frame indices, k and l, are omitted to sim-
plify the notation for the rest of this paper. Because of the
diffuse noise characteristics, the left and right diffuse noise
sources have approximately equal PSDs [4], ΦN ≈ ΦLN ≈
ΦRN .

2.1. Bias due to the diffuse noise

Under the assumption that the direction of the target signal
is exactly known, the noise-only reference signal for the left
channel input can be obtained as

UL = XL −ARXR = αLV +NL −ARNR (3)

where AR = HL/HR is the TFR of the target signal, and
αL = BL − ARBR. Using UL, the target and interference
signals contained in XL can be separated by solving a mini-
mum mean square error (MMSE) problem: minWL

E{|XL−
W ∗LUL|2}. The solution to this problem is obtained as

W o∗
L = ΦLUX/Φ

L
U , (4)

ΦLUX = E{XLU
∗
L} = BLα

∗
LΦV + ΦN (5)

ΦLU = E{|UL|2} = |αL|2ΦV + (1 + |AR|2)ΦN . (6)

Defining the error signal as EL = XL −W ∗LUL, the target
signal PSD can be estimated by computing the MMSE with
optimum coefficients:

ΦLE = E{|EL|2}WL=W o
L

= ΦLX − |W o
L|2ΦLU

=
ΦLXΦLU − |ΦLUX |2

ΦLU
≈ ΦLS . (7)

The above equation can be found in [2], and a similar equation
can be obtained from the interference estimation process in
[1]. However, the estimate of target PSD given in Eq. (7) is
biased because ΦN 6= 0. By applying Eqs. (2)(4)(6) to (7)
and after some algebra, we show that the MMSE in Eq. (7)
can be rewritten as

ΦLE = ΦLS + g
ζ + d

ζ + c
ΦN , (8)

where d = |AR|2/(|αL + BL|2 + |BL|2|AR|2), c = (1 +
|AR|2)/|αL|2, g = (|αL + BL|2 + |BL|2|AR|2)/|αL|2, and

ζ = ΦV /ΦN is the interference to noise ratio (INR). Thus the
target PSD is always over-estimated, i.e., ΦLE > ΦLS , unless
ΦN = 0. Fig. 1 shows the over-estimation bias in Eq. (8)
due to the diffuse background noise power. The bias accord-
ing to the SNR was measured as εSNR = ΦLE/Φ

L
S − 1 =(

g ζ+dζ+c

)
(1/η), where η = ΦLS/ΦN denotes the signal-

to-noise ratio (SNR), and the INR was set to ζ = −10
dB. Additionally, the bias according to the INR was mea-
sured as εINR = (|W o

L|2ΦLU )/ΦLV − 1 =
(
g′ ζ+d

′

ζ+c′

)
, where

g′ = (2Re(BLα
∗
L) − |BL|2(1 + |AR|2))/(|BL|2|αL|2),

d′ = 1/(2Re(BLα
∗
L) − |BL|2(1 + |AR|2)), and c′ =

|BL|2(1 + |AR|2)/(|BL|2|αL|2). Thus, it can be observed
that the bias is inversely proportional to both the SNR and
INR. The bias can be significant, especially when the INR or
SNR is low.

Fig. 1. Bias in the target PSD estimate in (7) according to (a) SNR
(ζ = −10 dB) and (b) INR (η = 0 dB).

2.2. Unbiased target PSD estimator

To alleviate the over-estimation bias problem, the noise
reference signal should be obtained at a high signal-to-
interference-plus-noise ratio (SINR) condition, which can
be achieved by applying a conventional single-channel noise
suppression algorithm [5][6] to the noise reference input UL.
If the background diffuse noise is successfully suppressed
such that the diffuse noise power becomes insignificant, then
the noise reference input can be written as

ÛL = Ξ{UL} ≈ αLV, (9)

where Ξ{·} denotes the noise suppression process. Now, it
is straightforward to see that the auto- and cross-PSDs of
the diffuse noise-suppressed reference input ÛL are given by
ΦL
Û

= |αL|2ΦV and ΦL
ÛX

= BLα
∗
LΦV . Thus, the solution

to the MMSE problem of minWL
E{|XL− Ŵ ∗LÛL|2} can be

found as
Ŵ o∗
L ≈

BL
αL

. (10)

Now, the optimal solution is no longer affected by diffuse
noise. Then, the MMSE is obtained as

Φ̂LE = E{|ÊL|2}|WL=Ŵ o
L

= ΦLX −
|ΦL
ÛX
|2

ΦL
Û

. (11)
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Because we can readily prove that Φ̂LE = |HL|2ΦS +ΦN , the
unbiased target PSD can be obtained from the MMSE of the
prediction filter, as given by ΦLS = Φ̂LE − ΦN or

Φ̂LS =

(
ΦLXΦL

Û
− |ΦL

ÛX
|2

ΦL
Û

)
− ΦN . (12)

However, this unbiased solution requires a process of sup-
pressing the diffuse noise in the noise reference input. Ob-
serving the relationship between the input and output of the
diffuse noise suppression process Ξ{·}, we can rewrite the
auto- and cross-PSDs as

ΦL
ÛX

= ΦLUX − ΦN (13)

ΦL
Û

= ΦLU − (1 + |AR|2)ΦN . (14)

Thus, if ΦN and AR are known, the auto- and cross-PSDs
of the diffuse noise-suppressed reference input are computed
using Eqs. (13) and (14), and the unbiased target PSD is fi-
nally obtained using Eq. (12). The estimated target PSD in
Eq. (12) is unbiased even under the presence of strong dif-
fuse noise. This estimator can be further extended to achieve
more accurate results at low frequencies by considering the
coherence function of diffuse noise [2].

3. BINAURAL NOISE SUPPRESSION SYSTEM

Based on the proposed target PSD estimator, we design a
binaural noise reduction system for hearing aids, which is
shown in Fig.2. When noisy input signals enter the system,
the target-free noise reference signals Ui are generated using
the TFR. Then, a target PSD is calculated using the unbiased
signal prediction model, in which the effect of diffuse noise
is removed. Finally, spectral gains for the noise reduction are
computed using the estimated target PSD. For a practical im-
plementation, however, the TFR of the target signal and the
diffuse noise PSD are required to be identified on-line.

Fig. 2. Block diagram of proposed binaural noise reduction system

3.1. Target TFR Estimation

For the target TFR estimation, we utilize the method in
[7]. First, a coefficient vector maximizing the output SNR
of the binaural hearing aids is obtained by computing the
principal eigenvector from a generalized eigenvalue problem:

RXWBF = λRNWBF , where RX = [ΦLX ΦLRX ; ΦLR∗X ΦRX ],
and RN = [ΦN 0; 0 ΦN ]. If we assume that only the target
signal and diffuse noise are present, the principal eigenvector
is given by WBF = γR−1N H = (γ/ΦN ) [HLHR] [7] where
γ is an arbitrary complex constant and H = [HLHR]T is
the target transfer function vector. Therefore, the TFR of the
target signal can be obtained as

WTFR =
WBF

WBF (2, 1)
=

[
HL

HR
1

]T
. (15)

In practice, the target TFR can be recursively estimated using
the noisy input and diffuse noise PSDs, which are also re-
cursively estimated. Any imperfect estimation of those PSDs
causes an error in the estimated principal eigenvector [7] and
in turn results in a distortion of the enhanced output. Be-
cause the accuracy of the eigenvector estimation is dependent
on the input SNR [8], we use the enhanced output signal of
the noise suppression system to find the principal eigenvec-
tor. Thus, the generalized eigenvetor problem is rewritten as
RŜWBF = λRNWBF , where RŜ is the correlation matrix
of the enhanced output Ŝ.

3.2. Diffuse noise PSD estimation

There have been a variety of algorithms for estimating the
PSD of the background diffuse noise on-line. Recently, so-
phisticated algorithms based on signal prediction [9] and
eigen-analysis [10] were proposed. These recent algorithms
are capable of tracking fast time-varying noise spectra with-
out latency. In this paper, we use the eigen-analysis-based
noise PSD estimation algorithm [10] whose performance is
known to be independent of both the direction of that target
speech source as well as the SNR condition.

3.3. Spectral gain computation

The proposed system obtains an unbiased estimate of the tar-
get PSD Φ̂iS by eliminating the effect of the diffuse noise
PSD on the prediction filter. The so-obtained target PSD is
used to compute real-valued spectral gains for the noise sup-
pression, calculated as G = max(

√
GL ·GR, σmin), where

Gi = min(
√

Φ̂iS/Φ
i
X , 1), i = L,R. The spectral gain floor

used in this paper was σmin = 0.1. The enhanced output sig-
nals are obtained by applying this real-valued spectral gain to
both the left and right channels in a way such that Ŝi(k, l) =
Xi(k, l) · G(k, l), i = L,R. As a result, the noise compo-
nents are suppressed while the binaural cues contained in the
original inputs are preserved [1][2].

4. SIMULATION RESULTS

For the simulations, speech sentences were extracted from
TIMIT databases and binaurally convolved with HRIR pairs
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Fig. 3. Estimated target PSD at 0 dB SINR. Proposed algorithm at (a) wide
band. (b) low frequency band (0-2000Hz). BIENR at (c) wide band. (d) low
frequency band (0-2000Hz). Left channel noisy input PSD (gray solid line),
clean speech PSD (black solid line), and estimated speech PSD (red dashed
line).

Fig. 4. ImsegSNR in scenario-1. White noise with SINR (a) -5 dB, (b) 0
dB, (c) 5 dB, cafeteria noise with SINR (d) -5 dB, (e) 0 dB, (f) 5 dB

corresponding to the target and interference directions, re-
spectively. In addition, a popping the champagne noise was
applied as an additional directional transient noise. The white
noise and recorded cafeteria noise were used as background
diffuse noise. The noisy input signal was segmented into sub-
frames of 1024 samples with 50% overlap using a sine win-
dow at a sampling rate of 22.05 kHz. In the first test scenario,
a female target voice was placed in front of a hearing aid user
(0◦), and two male interference voices were located at 270◦

and 60◦, respectively, together with the champagne noise at
210◦. Then, background diffuse noise was added. In the sec-
ond test scenario, the target speech was moved to 270◦ to the
left, and interferences were placed at 0◦ and 60◦, respectively,
with the same champagne noise direction. The performance
of the proposed algorithm was compared with the previous
techniques in [1] (TS-BASE/WF) and [2] (BIENR). BIENR
was implemented with a time-domain Wiener prediction filter
including a 60-sample causality delay.

We first tested the accuracy of the estimated target PSD
using the proposed algorithm under the first test scenario. The
result is shown in Fig.3 and compared with the result obtained
using BIENR. The overall input SINR was 0 dB. The results
clearly show that the proposed algorithm achieves very accu-
rate target PSD estimation in the tested noise environment.
Next, the performance of the the noise suppression system in

Fig. 5. ImsegSNR in scenario-2. White noise with SINR (a) -5 dB, (b) 0
dB, (c) 5 dB, cafeteria noise with SINR (d) -5 dB, (e) 0 dB, (f) 5 dB

Fig. 2 was assessed in both test scenarios. The segmental
SNR improvement (ImsegSNR) was computed as the differ-
ence between a noisy input and an enhanced output signal
according to the difference SINR and INR. The results are
shown in Figs.4 and 5. The results show that the proposed
noise suppression system attains better performance than the
conventional algorithms and is significantly better than TS-
BASE/WF method under low-SINR conditions. It should be
noted that BIENR used diffuse noise suppression gain, so that
it achieved high segmental SNR even at low SINR.

5. RELATION TO PRIOR WORK

The proposed algorithm has structural similarity to the previ-
ous work in [1]. However, the algorithm in [1] more concen-
trated on reducing multiple interferences. Therefore, bias is
inevitable when diffuse noise is highly present. Additionally,
the proposed algorithm has a similarity to the algorithm in [2]
with regard to the use of a prediction filter. However, the sig-
nal prediction in [2] was also conducted without any consid-
eration of the diffuse noise. In fact, it can be proven that both
the signal prediction in [2] and the interference compensation
in [1] are equivalent in obtaining the optimum coefficients.
Thus, when the diffuse noise has relatively strong power, the
target PSD obtained using the method in [1] and [2] are bi-
ased. In addition, the algorithm in [2] requires an explicit
computation of the prediction error, but the proposed algo-
rithm uses the prediction model only to derive the unbiased
target PSD.

6. CONCLUSION

We proposed an unbiased target PSD estimator for hearing
aids operating in an environment with complex noise. By ob-
taining the MMSE under a diffuse noise-free condition, the
target PSD is obtained, unaffected by the diffuse noise. Ex-
periments in binuaral noise suppression were conducted, and
the results demonstrated the superior performance of the pro-
posed algorithm over the previous technique, especially in
low-SNR conditions.
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