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ABSTRACT
In this paper, we present an unsupervised noise PSD esti-
mation algorithm for binaural hearing aids in a time-varying
diffuse noise field. It is shown that the noise PSD can be
obtained from the eigenvalues of the input covariance matrix
together with the noise coherence function effective at low
frequencies. To reduce the estimation bias due to fast smooth-
ing, pre- and post-compensation methods are proposed. The
proposed algorithm is able to track non-stationary noise PSD
without tracking delay or underestimation problems. Its per-
formance is independent of the target speech direction and
input SNR. Results of the objective parameter evaluation
demonstrate the superiority of the proposed algorithm over
conventional techniques.

Index Terms— binaural noise estimation, binaural hear-
ing aids, recursive averaging, noise coherence

1. INTRODUCTION

Noise reduction algorithms in hearing aids are crucial for im-
proving speech intelligibility and quality under background
noise. Since accuracy of the noise power spectral density
(PSD) directly affects the performance of a speech enhance-
ment system, robust estimation of noise PSD from available
noisy signals has been an important issue.

The minimum statistics (MS) technique [1] was estab-
lished based on the fact that the minimum power of noisy
speech is approximately the same as the power level of the
noise. However, this technique inherently has some track-
ing latency because of the searching window [2]. In a re-
cent study, an effective noise PSD estimation algorithm based
on a prediction model [2] was suggested. It was shown that
this algorithm can track the true noise PSD without track-
ing latency and underestimation problems at low frequencies.
However, there are still problems in cases in which the target
speech source is located in a non-frontal direction. Although
the problems can be solved by inserting a causality delay be-
tween channel signals, the delay often causes overestimation
of noise PSD, which is mainly due to the loss of accuracy in
computing the prediction errors.

Regarding the noise PSD estimation, there are some im-
plementation issues that are encountered in fast time-varying
noise environments. First of all, the characteristics of envi-
ronmental noises can be time-varying and dependent on the
position of surrounding sources [3]. In such an environment,
use of the analytic coherence model [2][4][5] is problematic.
Another practical issue is raised by smoothing with a short
time constant. Auto- and cross-PSD can be efficiently esti-
mated using 1st-order recursive averaging. In rapidly chang-
ing noise environments, fast smoothing is necessary to obtain
the noise PSD without latency, but it can result in bias with
PSD estimates [6].

In this paper, we propose a new unsupervised noise PSD
estimator for binaural hearing aids operating in a fast time-
varying diffuse noise field. It will be shown that the noise
PSD can be estimated directly from the eigenvalues of the
input covariance matrix, in cooperation with the noise coher-
ence function. To obtain the noise coherence without a priori
knowledge about the noise field, an on-line estimation tech-
nique will be employed. Also, to alleviate the spectral error
due to fast smoothing, the cross-PSD in the covariance matrix
will be compensated for prior to the eigen-analysis. Later,
the spectral error is further reduced by compensating for the
eigenvalues in noise-only regions.

2. DIFFUSE NOISE PSD ESTIMATION ALGORITHM

The left- and right-channel noisy input signals are represented
in the frequency-domain as

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

where Hi(k, l) is the acoustic path from the target speech
source to the hearing aid user, S(k, l) is the speech source
and Ni(k, l) is the diffuse noise signal. k and l denote
the frequency bin and frame indices, respectively. The
Ni(k, l) are considered to propagate diffuse noise in all
directions simultaneously with equal power and random
phase [7][4]. For the algorithm development, we assume
that E{S(k, l)N∗i (k, l)} = 0 and the left and right diffuse
noises have approximately equal PSD [2][7].
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2.1. Unsupervised Diffuse Noise PSD Estimation

The covariance matrix of noisy inputs in (1) is obtained as

R =

(
ΦLL

X ΦLR
X

ΦRL
X ΦRR

X

)
where ΦijX = E{XiX

∗
j }, i, j = L/R,

or equivalently expressed as

R =

(
|HL|2ΦS + ΦN HLH

∗
RΦS + ΦLRN

HRH
∗
LΦS + ΦRLN |HR|2ΦS + ΦN

)
(2)

where ΦS = E{|S|2} and ΦN = E{|NL|2} = E{|NR|2}
are target speech source and noise auto PSDs respectively, and
ΦijN = E{NiN∗j } is the noise cross PSD. Here, we omitted
the frame and frequency bin indices for convenience. Noises
measured in a diffuse field have significant correlation, espe-
cially at low frequencies [8]. To account for the correlation
of noise fields, an analytic coherence model is often used,
which is given by ΓN (k) = sinc(2πkd/c) [2][4] where c is
the speed of sound, and d is distance between the measure-
ment points. Using the coherence model, the noise cross PSD
can be expressed as ΦLRN ≈ ΓNΦN .

The eigenvalues of the covariance matrix in (2) can be
computed by solving the characteristic equation. The two
eigenvalues are then given by

λ1,2 =
((|HL|2 + |HR|2)ΦS + 2ΦN )±

√
∆

2
, (3)

where ∆ = (|HL|2 + |HR|2)2Φ2
S + 2ΓNΦNΦS(2HLH

∗
R +

2H∗LHR)+4Γ2
NΦ2

N . It is known that the low frequency inter-
aural level differences (ILDs) are negligible [9], i.e., |HL| ≈
|HR|, and ignoring the phase difference between the acous-
tic paths, we yield 2HLH

∗
R ≈ |HL|2 + |HR|2. Applying

this approximation, we obtain ∆ ≈ ((|HL|2 + |HR|2)ΦS +
2ΓNΦN )2. Thus, the second (smaller) eigenvalue can be ex-
pressed as λ2 ≈ (1 − ΓN )ΦN , from which the noise PSD is
obtained: Φ̂N ≈ λ2/(1− ΓN ). The above procedure is ef-
fective only at low frequencies, typically lower than 500Hz,
where ILDs are negligible. At high frequencies the coherence
of the diffuse noise is negligibly small, i.e., |ΓN | ≈ 0. There-
fore, the noise PSD can be estimated as ΦN ≈ λ2 at high
frequencies. In summary, the noise PSD is calculated as

Φ̂N (k, l) ≈

{
λ2(k,l)

1−ΓN (k) if k < kc
λ2(k, l) if k ≥ kc,

(4)

where kc denotes the bin index corresponding to the highest
frequency at which the approximation is effective.

2.2. On-line Estimation of Noise Coherence

The coherence between two microphones changes, unlike the
analytic model ΓN (k), in which an object is in the line-of-
sight [5]. Moreover, the noise coherence in a practical situa-
tion is slowly time varying according to the position of the
sound sources and the acoustic environment [3]. Thus, it

is beneficial to update the noise coherence on-line in accor-
dance with the variation of the acoustic environment. Given
two hypotheses, H0 and H1, which represent speech absent
and speech present, respectively, the noise coherence can be
updated only during the absence of speech, as given by

Γ̃N (k, l) =

{
Γ̃N (k, l − 1) : H1(k, l)

βΓ̃N (k, l − 1) + (1− β)|ΓX(k, l)| : H0(k, l),
(5)

where β is a smoothing parameter and ΓX represents inter-
channel coherence given by ΓX = ΦLR

X

/√
ΦLL

X ΦRR
X .

Previously, energy ratio-based techniques have been
widely used to determine the presence of speech [10]. In
[10], the speech absent probability was determined based on
a combination of local, global and frame a priori SNRs. In
this paper, the energy-ratio is measured as a form of eigen-
ratios and it is used to determine the presence of speech. To
this end, the ratio between total powers of first (larger) and
second (smaller) eigenvalues within the band b is calculated:

ϕ(b, l) =

∑
k∈b λ1(k, l)∑
k∈b λ2(k, l)

. (6)

Then, the speech present region is determined as by compar-
ing ϕ(b, l) with a threshold δ, as given by

ϕ(b, l) < δ : speech absent (H0)

ϕ(b, l) ≥ δ : speech present (H1).

Assuming that left and right channel diffuse noises are un-
correlated. We can show that the eigen-ratio is an alternative
measure of a priori SNR ξ(k, l) = ΦS(k,l)

ΦN (k,l) :

λ1(k, l)

λ2(k, l)
≈ ξ(k, l)(|HL(k, l)|2 + |HR(k, l)|2) + 1. (7)

Thus, ϕ(b, l) is an appropriate metric for measuring energy-
ratios that can be used to determine the presence of speech.
An example of noise coherence tracking in the 150-400 Hz

Fig. 1. On-line update of coherence: band-coherence obtained
from true noise (grey), modified coherence (red) and analytic model
(dashed).

frequency region was obtained using the proposed on-line es-
timation shown in Fig.1. We used β = 0.95 and cafeteria
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signals as background noise . It can be seen that the on-line
estimation method tracks the true noise coherence comparing
analytic model.

3. COMPENSATION FOR UNDERESTIMATION OF
NOISE PSD

3.1. Compensation of cross-power spectral density mea-
sured by fast smoothing

In practice, auto- and cross-PSD of the input noisy signals are
often obtained using a 1st-order recursive approximation:

Φ̃ijX(k, l) = αΦ̃ijX(k, l − 1) + (1− α)Xi(k, l)X
∗
j (k, l) (8)

where α ∈ [0, 1] is the smoothing factor which controls trade
off relationships between the fast capturing of time-varying
statistics of the signals and obtaining a robust low-variance
estimate of the spectrum [6][11]. The cross-PSD tends to be
overestimated in a fast smoothing environment, and in turn it
can result in serious underestimation of the final noise PSDs.
Nevertheless, fast smoothing is commonly required to track
the spectrum of non-stationary noises. Estimation errors also
occur for the computed auto-PSD but these errors are typi-
cally small compared to those seen in the cross-PSD [11]. In
[11], a method of compensating cross-correlation under fast
smoothing conditions was suggested by linearly expanding
inter-channel correlation coefficients. This approach is effec-
tive in speech absent regions but it also reduces high coher-
ence regions in which target speech is likely to be present,
which can cause serious speech distortions.

In this paper, we use a new pre-compensation method for
cross-PSD. We first express the cross-PSD between the input
noisy signals using the coherence as given by

Φ̃ijX(k, l) = Γ̂X(k, l)

√
ΦiiX(k, l)ΦjjX (k, l), i, j = L/R. (9)

Next, through intensive tests and statistical analysis, we ex-
perimentally derived a compensation function for a magni-
tude square coherence(MS-coherence) function. The result-
ing compensation rule is given by

|Γ̂X(k, l)|2 = ψ(k, l)|ΓX(k, l)|2, (10)

where

ψ(k, l) =
1

1 + exp(a(1− |ΓX(k, l)|2)− bα)
. (11)

The scaling factor ψ is formed as a sigmoid function that has
nonlinear and bounded characteristics. In this paper, a = 14
and b = 12 were selected to provide the best compensation.
The sigmoid function obviously separates the high and low
correlation cases. It has a clear effect of reducing the coher-
ence overestimation, which in turn results in a reduction of
cross-PSD errors through Eq. (9). The compensated coher-
ence Γ̂X(k, l) can also be applied to the on-line update of the
noise coherence shown in (5).

3.2. Post-compensation for Under-estimation of Noise
PSD

When fast smoothing is used, the estimated diffuse noises
can often have unequal power. Thus, eigenvalues obtained
in speech pause periods cannot produce exact noise PSD.
To overcome this problem, we propose a post-compensation
method for recovering the true noise PSD by combining the
two eigenvalues, as given by the following equation:

λc(b, l) = αnλ2(b, l) + (1− αn)λ1(b, l), (12)

where b ∈ [0, 2π] for H0 and b ∈ [0, ωc] for H1 The fre-
quency index ωc is a cutoff corresponding to an ultra low-
frequency band in which the speech signal is not present. Typ-
ically ωc ≈ 100Hz. Fig. 2 shows distributions of left and
right channel true noise PSDs together with eigenvalues. The
noisy input signal was 5dB SNR and a smoothing factor of
α = 0.65 was used. PSDs were accumulated from 1500Hz
to 4000Hz band. Fig. 2 shows that the second eigenvalue,
determined as the noise PSD, in a speech absent region is sig-
nificantly smaller than the true noise PSD, but the compensa-
tion using (12) restores the energy distribution of noise PSD
estimates close to that of true noise PSDs. Now, the com-
pensated noise PSD can be obtained using (4) by replacing
λ2(k, l) with λc(k, l).

Fig. 2. Distributions (a) in speech absent region and (b) speech present
region ( a© left-channel and b© right-channel true noise PSDs, c© 1st and d©
2nd eigenvalues. e© noise PSD estimate obtained using (12)).

4. SIMULATIONS

Simulations for assessing the proposed noise PSD estimation
algorithm were performed. Selected speech sentences from
TIMIT databases were binaurally convolved with HRIR pairs
corresponding to target directions, and a recoded cafeteria
diffuse noise was added to the binaural speech sentences at
various SNRs. The sampling frequency was 16kHz. The
FFT frame length was 32ms with a 50% overlap and a Sine
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Table 1. Objective parameters
segSNR LSD

Angle Noisy ImNPSD Proposed mNPSD Proposed

-0.59 3.45 4.24 3.42 2.79
0◦ 3.43 6.12 7.25 4.15 2.95

7.72 9.19 10.59 5.33 3.68
-0.40 1.64 2.71 2.66 2.03

270◦ 3.64 3.78 5.31 3.13 1.98
7.73 6.22 8.34 4.03 2.10

window was applied to each frame before FFT. The perfor-
mance of the proposed algorithm was compared with the pre-
vious technique in [2], referred to as improved noise PSD
(ImNPSD). ImNPSD was implemented with a time-domain
Wiener prediction filter including 40 sample causality delays.

Snapshots of the estimated noise PSDs are shown in Fig.
3. The results were obtained with a target speech source lo-
cated at 270◦ to the left of the listener and the SNR was 5dB.
ImNPSD shows spectral errors, which is mainly due to the
causality delay used for the Wiener prediction filter, which
was not optimal. In large interaural time difference (ITD) sit-
uations, ImNPSD produced significant estimation errors es-
pecially for unvoiced regions. In such situations, the signal
power of one-channel is usually smaller than the other chan-
nel because of the head-shading effect; therefore, the predic-
tion model becomes inaccurate. On the other hand, the pro-
posed method produces robust noise PSD estimates regard-
less of target speech direction and does not require delays.
Using the estimated noise PSDs, a noise reduction based on
the Wiener filter was conducted. The decision-directed ap-
proach was used to estimate a priori SNR. After noise reduc-
tion, objective parameters such as segmental SNR (segSNR)
and log spectral distortion (LSD) of the target speech were
measured. The segSNR and LSD assessments are summa-
rized in Table 1. The results show that the proposed technique
always attains higher segSNR and lower LSD than ImNPSD,
which indicates that it obtains the true noise PSD with higher
accuracy than the ImNPSD method.

Fig. 4 shows tracking performance of the proposed noise
PSD estimation algorithm. The proposed method with com-
pensation shows excellent tracking performance.

5. RELATION TO PRIOR WORK

The proposed noise PSD estimation algorithm can be com-
pared with the recent work in [2] in which a noise PSD es-
timator based on the Wiener prediction filter was suggested.
Major advantages of the proposed algorithm in comparison
to [2] is that its performance is independent of both the direc-
tion of the target speech source as well as the SNR condition.
Moreover, the noise coherence model is updated on-line,
which is also advantageous when noise characteristics are
time-varying. Pre-compensation of cross-PSD in this study

Fig. 3. Estimated noise PSDs when a target speech was 270◦ from frontal
direction. SNR was 5dB. Gray solid line and dashed line represent left and
right channel true noise PSDs, respectively. Red solid lines are the estimated
noise PSD using (a) ImNPSD and (b) proposed method

Fig. 4. Tracking performance according to smoothing actor: a© left channel
noise PSD, b© right channel noise PSD, estimated noise PSDs with c© β =
0.65 without scaling, d© β = 0.93 without scaling, e© β = 0.65 with
compensation methods in (10) and (12).

was motivated by the previous work in [11]. However, the
previous work cannot properly compensate for the high co-
herence region, while the proposed method can effectively
reduce the spectral error of noise PSD without distorting the
target speech signal. Finally, the post-compensation of eigen-
values in this study can be compared with the previous work
in [3] in which the noise eigenvalues were modified to satisfy
the rank-1 condition. The eigenvalue modification in this
study is to compensate for underestimation of noise PSD in a
fast smoothing condition.

6. CONCLUSION

In this paper, a new unsupervised noise PSD estimator based
on the eigen-structure of the binaural noisy input covariance
matrix was proposed. Via on-line estimation of noise coher-
ence, and by compensating spectral parameters, the proposed
algorithm is able to obtain accurate noise PSDs even under
fast smoothing conditions. Simulation results demonstrated
superior performance of the proposed algorithm over the pre-
vious techniques.
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