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EEMD-IF Based Method for Underwater Noisy
Acoustic Signals Enhancement in Time-Domain

A. Caldeira , Student Member, IEEE, and R. Coelho , Senior Member, IEEE

Abstract—This letter introduces a novel signal enhancement
method to mitigate the effects of underwater acoustic ambient
noises. The combination of ensemble empirical mode decompo-
sition (EEMD) and iterative filtering (IF) is adopted to analyze
the underwater speech and chirp noisy signals. The main novelty
relies on the estimation and selection of the noise components
using the index of non-stationarity of each decomposition mode.
The idea is to better suppress the noise components, especially
for highly non-stationary environments. The proposed method is
compared to four baseline approaches to enhance speech and chirp
signals. For this purpose, signals of interest are corrupted by three
underwater ambient noises with different non-stationarity degrees.
Experiments results demonstrate that the proposal achieves the
best results, especially in the presence of severe non-stationary noisy
conditions. In this situation, the reduction in the root mean square
error achieves 11.2%.

Index Terms—Underwater acoustics, signal enhancement,
empirical mode decomposition, index of non-stationarity.

I. INTRODUCTION

THE investigation of the underwater ambient noise with its
distinct dynamics and statistics has become an active area

of research [1], [2], [3]. These masking interferences severely
impact the acoustic systems such as sonar and underwater
speech communications [4], [5], and a vast range of applications:
oceanographic studies [6], source detection [7], localization [8].
Generally, ambient noise varies according to geographic loca-
tion, proximity of shipping lanes, season of the year, and depth
of the sea (shallow or deep water) [1], [6]. The reduction of
the background noise is an essential task for the quality and
intelligibility improvement of underwater communication. The
major challenge is to estimate the noise components, particularly
in non-stationary real environments [9], [10].

Since 1970, signal enhancement solutions have been pro-
posed to attenuate interferences caused by acoustic noises.
Techniques such as the unbiased minimum mean-square error
(UMMSE) [11] and the optimally-modified log-spectral am-
plitude (OMLSA) [9] apply the short-time Fourier transform
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(STFT) to cope with non-stationary noises in the spectral do-
main. Alternatively, methods based on time-frequency analysis,
such as the empirical mode decomposition (EMD) [12] and its
variations, have also been adopted for signal enhancement. Al-
though EMD lacks of mathematical formulations, it has proven
to be a powerful tool for non-stationary signal analysis and
has been successfully applied in several research areas [13].
For instance, the EMDH [10], [14] solution decomposes the
noisy speech signal in time domain and employs the Hurst
exponent [15] to detect and attenuate the most corrupted com-
ponents. The non-stationary noise estimation for speech en-
hancement (NNESE) [16] is another method defined to enhance
non-stationary noisy signals in time domain. In this approach,
a robust estimator [17] is adopted to obtain the noise standard
deviation on a frame-by-frame basis directly from the corrupted
speech samples.

This Letter introduces a novel method, hereinafter named
EIF-NS, to enhance signals corrupted by non-stationary under-
water acoustic noise. Ensemble EMD (EEMD) [18] and iterative
filtering (IF) [19] are combined to analyze the noisy signals
in the time domain. The EEMD-IF decomposition is able to
deal with the mode mixing problem, while its convergence is
formally established under certain conditions [19]. The index
of non-stationarity (INS) [20] is here defined to detect the most
corrupted intrinsic mode functions (IMF). The frame-by-frame
criterion satisfactorily identifies those segments where the noise
is dominant. Thus, the least corrupted components are selected
to reconstruct the enhanced version of the signal of interest.

Several experiments are conducted to examine the proposed
EIF-NS for speech and chirp signals. Speech signals are com-
monly used for communication with and in between submarines
and divers [21]. Chirp is a low Doppler sensitive signal that
presents good ability for interference rejection [22]. It is there-
fore used in wireless underwater acoustic communications. The
target signals are corrupted by three underwater ambient noises:
Bubbles, Killer Whale, and Ocean Liner. The NNESE, OMLSA,
UMMSE, and EMDH approaches are adopted for comparative
purposes. The EIF-NS technique is evaluated in terms of speech
quality and intelligibility improvement with three objective mea-
sures. Chirp signals are examined using the signal-to-noise ratio
(SNR) and the root mean square error (RMSE). Results show
that the EIF-NS solution outperforms the baseline approaches
for both speech and chirp target signals. In particular, results are
substantially better than those attained by the EMDH, which
reinforces the importance of the INS-based noise detection
criterion.

The main contributions of this work are as follows:
� Introduction of the EIF-NS signal enhancement method to

mitigate the effects of underwater ambient noise in the time
domain;
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Fig. 1. Block diagram of the proposed EIF-NS method for signal enhancement based on EEMD-IF for non-stationary underwater noisy acoustic environment.

� Definition of a criterion for the detection of the non-
stationary masking components based on the INS index;

� Adoption of the EEMD-IF to avoid the use of the original
noisy phase for the enhanced signal reconstruction;

� Description of a scheme for underwater noise detection to
yield quality and intelligibility improvement of speech and
chirp noisy signals.

II. PROPOSED ENHANCEMENT METHOD

Fig. 1 illustrates the block diagram of the EIF-NS signal
enhancement method, which is implemented in four phases:
decomposition of the noisy signal with EEMD-IF; selection of
IMFs that are most affected by noise; detection and estimation
of noise components; and target signal reconstruction.

A. EEMD-IF

The combination of EEMD and IF is here adopted for the
noisy signal decomposition. The EEMD was introduced in [18]
to overcome the mode mixing problem, i.e., when widely dis-
tinct oscillations are concentrated in the same IMF. To this
end, EEMD modes are computed by averaging IMFs obtained
from the EMD of noisy versions of x(t) considering different
realizations of white Gaussian noise. The IF algorithm replaces
the cubic splines interpolation required during the sifting process
of the original EMD [12]. Instead, a data dependent moving
average L(x) is applied to achieve lower processing time. The
high-frequency component of x(t) is given by

T (x) = x− L(x), (1)

where L(x) refers to the local trend component. This separation
is iteratively repeated over L(x) to define a series of IMFs and
a residual r(t), such that x(t) =

∑I
i=1 IMFi(t) + r(t).

In [19], the function L(x) is represented by

L(x)(t) =
m∑

j=−m

[
m+ 1− j

(m+ 1)2

]
x(t+ j), (2)

where the window size m is defined as m = αT/λ, T is the
number of samples of x(t), λ is the number of local maxima and
minima, andα is an adjustment factor. The mathematical support
for the algorithm convergence and the lower computational cost
when compared to the EMD method are the two main reasons to
adopt the IF method. Furthermore, strategies such as the fast IF
(FIF) [23] and the direct FIF (dFIF) [24] have also been derived
to improve even further the IF speed. However, it is important
to highlight that the following phases may also be applied to
IMFs obtained from other methods, e.g., the variational mode
decomposition (VMD) [25], [26].

Fig. 2. The continuous black lines indicate the θ(1,i) values of IMFs obtained
for clean (a) speech and (b) chirp signal, while the dashed red lines represent
the corresponding values from the noisy signals with SNR of 0 dB.

B. IMF Selection

After the corrupted signal decomposition, the index of non-
stationarity (INS) is applied to detect the IMFs that are most
corrupted by noise. The INS was described in [20] to objectively
examine the non-stationarity of a target signal. For this purpose,
the signal is compared to a set of stationary references called
surrogates. For each time scale Th/T , where Th is a short-time
analysis window and T is the total duration of the signal, a
threshold γ ≈ 1 is defined to keep the stationarity assumption,
considering a confidence degree of 95%. Thus, a signal is con-
sidered as stationary if INS ≤ γ, and non-stationary, otherwise.

Chirp and speech signals are highly non-stationary. The
acoustic noise interference generally attenuates the non-
stationary behavior of such signals. Since acoustic noises are
concentrated at low frequencies, the first IMFs have higher
INS compared to the last ones. Furthermore, the first IMF is
composed of faster oscillations than the others, resulting in
higher SNR. Based on these facts, let θ(1,i) be defined as the ratio
between the logarithmic of the maximum INS value (INSmax)
computed from the first and i-th IMFs,

θ(1,i) =
log(INSmax,1)

log(INSmax,i)
, i = 1, . . . , I. (3)

The ratio θ(1,i) represents the attenuation of the non-stationary
behavior observed in the i-th IMF when compared to the first
mode. It also reflects the difference between the noise energy
content in these IMFs. Fig. 2 exhibits the θ(1,i) values obtained
from clean and noisy versions of speech and chirp signals
corrupted by a Ocean Liner noise with SNR of 0 dB. It can be
seen that the the distance between θ(1,i) values of clean and noisy
signals significantly increases from third and fourth IMF for
chirp and speech, respectively. It means that IMFi(t), i ≥ Imin
are the most corrupted modes, where Imin = 4 for the speech sig-
nal and Imin = 3 for the chirp signal. Thus, the frame-by-frame
detection criterion is restricted to these selected IMFs.
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Fig. 3. INSmax of clean, noisy speech signal with 0 dB and noise for IMF 4
(top) and the corresponding θ(1,i,q) values and threshold (bottom).

C. Detection and Estimation Criterion

Analogously to the definition of θ(1,i), the detection of the
most corrupted frames of each IMF is based on the frame-by-
frame ratio θ(1,i,q) computed as

θ(1,i,q) =
log(INSmax,(1,q))

log(INSmax,(i,q))
, i = Imin, . . . , I, (4)

where INSmax,(i,q) refer to the maximum INS value obtained
from frame q of IMFi(t). Let δ(i) = log(INSmax,i), in this work
the following decision rule is proposed to determine the most
corrupted frames:

θ(1,i,q)

{
≤ min{θ(1,i), δ(i)}, frame is preserved;
> min{θ(1,i), δ(i)}, frame is removed.

(5)

IMFs with greater indices may achieve lower δ(i) and higher
θ(1,i) values than the first mode. Fig. 3 shows the INSmax of
noise, clean and noisy speech signal (top), and the corresponding
θ(1,i,q) values and threshold for noise components detection for
i = 4 (bottom). Note that in frame 44 (highlighted with black
arrow), the INSmax values of noisy speech signal are close to
INSmax values of noise and distant from the INSmax of clean
speech signal. This indicates a low SNR in this frame, which is
related to the fact that θ(1,i,q) is above the threshold. On the other
hand, in frame 62 (highlighted with blue arrow) the INSmax of
noisy signal is close to INSmax of clean signal and distant from
INSmax of noise. In this case, most of the energy content belongs
to the speech and the θ(1,i,q) is below the threshold.

D. Signal Reconstruction

After the detection of the most corrupted frames from the
selected modes IMFi(t), i ≥ Imin, the preserved frames are
added to the remaining modes, i.e., IMFi(t), i < Imin. Finally,
the reconstructed frames are concatenated considering Hanning
window and 50% overlapping.

III. EXPERIMENTS AND DISCUSSION

Several experiments are conducted to evaluate the proposed
method in terms of quality and intelligibility improvement.
Experiments are divided according to the signal of interest, i.e.,
speech and linear chirp. The first scenario considers 240 speech
signals spoken by 16 male and 8 female speakers, sampled at
16 KHz and with 3 s average duration, selected from the
TIMIT [27] database. For the second scenario, a set of 10 linear
chirp signals are generated as in [28] with an exponent function
to account for transmission loss.

Three underwater ambient noises are considered for both
scenarios. Bubbles is collected from Freesound.org1, Killer

1Available at http://www.freesound.org

Fig. 4. Spectrograms (top) and INS (bottom) of (a) Bubbles, (b) Killer Whale,
and (c) Ocean Liner. In lower part, the continuous red lines and green dashed
lines indicate the value for INS and stationarity test threshold, respectively.

Whale from San Francisco Maritime National Park Associa-
tion database2, and Ocean Liner from ShipsEar database [29].
Signals of interest are corrupted considering three SNR values,
−5 dB, 0 dB, and 5 dB, leading to 2250 tests. The underwater
acoustic noises are captured by sensor networks, that is, by
hydrophones present in the acoustic systems. Fig. 4 depicts
spectrograms and INS values of the acoustic noises. Note that
the noises energies are mainly concentrated at low frequencies,
while the target signals contain relevant components at high
frequencies. Moreover, acoustic noises present different non-
stationarity, with INSmax = 92 for Bubbles and INSmax = 47 for
Killer Whale. The Ocean Liner noise is classified as stationary
since most of the INS values are below the threshold.

For the implementation of the EIF-NS method, 8 IMFs are
attained with EEMD-IF using 50 ensembles and α = 2.5. Five
surrogates sequences are considered for the INS computation.
Four speech enhancement solutions are adopted as baseline:
EMDH [10] and NNESE [16] in the time domain, OMLSA [9]
and UMMSE [11] in the frequency domain. The oversubtraction
factor of the NNESE source code provided by the authors is set to
0.35 and 0.1 for quality and intelligibility improvement, respec-
tively. For the second scenario, it is adopted the Hurst exponent
threshold value of 0.5 instead of 0.9 for the EMDH [10], in order
to achieve better quality improvement for chirp signals.

A. First Scenario: Speech Signal

The speech quality prediction is here objectively examined
with the perceptual evaluation of speech quality (PESQ) [30]
and the perceptual evaluation of audio quality (PEAQ) [31]
measures. Table I presents the PESQ values achieved with
unprocessed (UNP) and processed speech signals with the EIF-
NS and competing enhancement methods. Highlighted values
correspond to the best results. Note that EIF-NS achieves the
best PESQ improvement for the non-stationary Bubbles and
Killer Whale noises. It outperforms the competing time-domain
solutions also for the stationary Ocean Liner noise. EIF-NS
attains an overall PESQ value of 2.90, which is 0.14 and 0.19
greater than NNESE and UMMSE, respectively.

Fig. 5 depicts the objective quality results in terms of PEAQ
scores. Once again, EIF-NS outperforms the competing time-
and frequency-domain methods for the non-stationary noises.
The spectral approaches achieve the best results for the station-
ary noise. EIF-NS obtains significant improvement when com-
pared to the EMDH, which is also based on the time-frequency

2Available at https://maritime.org/sound
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TABLE I
PESQ RESULTS WITH THE EIF-NS AND BASELINE METHODS

Fig. 5. Average PEAQ for (a) Bubbles, (b) Killer Whale and (c) Ocean Liner.

Fig. 6. ESII box-plots for (a) Bubbles, (b) Killer Whale and (c) Ocean Liner.

EMD analysis. This reinforces the contribution of the INS-based
criterion in (5) to detect noise components.

The extended speech intelligibility index (ESII) [32] is here
applied to evaluate speech intelligibility. Fig. 6 illustrates the
ESII intelligibility prediction results considering SNR values
of −5 dB, 0 dB, and 5 dB. It can be noted that, for the
Bubbles noise, the time-domain EIF-NS, NNESE, and EMDH
techniques attain better results than the spectral solutions. For
Killer Whale, EIF-NS presents the highest average ESII values,
followed by the NNESE. The UMMSE achieves the best aver-
age value for the stationary Ocean Liner noise. For this same
noise source, the EIF-NS outperforms the other time-domain
methods.

B. Second Scenario: Chirp Signal

The SNR and RMSE measures are considered for the evalu-
ation of the proposed solution for chirp as target signal. Fig. 7
depicts the SNR improvement, i.e., the difference between out-
put and input SNR. Table II shows the average RMSE results
obtained from frames of 32 ms. Note that both measures show

Fig. 7. The SNR improvement obtained with the EIF-NS and baseline tech-
niques for (a) Bubbles, (b) Killer Whale and (c) Ocean Liner.

TABLE II
RMSE RESULTS [×10−2] WITH THE EIF-NS AND BASELINE METHODS

consistent results: the higher the SNR improvement, the lower
the RMSE between the clean and enhanced signal. EIF-NS out-
performs the baseline techniques for the non-stationary Bubbles
and Killer Whale noises, followed by NNESE. For the Bubbles
noise, EIF-NS and NNESE achieve SNR improvement of 2.2 dB
and 2.1 dB for input SNR of −5 dB, respectively. For the Killer
Whale, EIF-NS attains an SNR gain of 1.9 dB, against 1.6 dB
of NNESE for the most severe noisy condition. The spectral
OMLSA and UMMSE techniques outperform the other methods
for Ocean Liner. For this noise, EIF-NS achieves the highest
SNR improvement among the time-domain solutions, with an
improvement of 4.3 dB for input SNR of −5 dB.

IV. CONCLUSION

This Letter introduces the EIF-NS signal enhancement ap-
proach based on EEMD-IF for non-stationary underwater acous-
tic environment. The estimation and selection of the most cor-
rupted decomposition modes were applied in a frame-by-frame
basis using the index of non-stationarity. Several experiments
were conducted with speech and chirp signals corrupted by
three underwater acoustic noises with different non-stationarity
behavior. The results with speech signals scenario demonstrated
that the proposed method outperforms four baseline solutions
in terms of quality, particularly in the presence of severe non-
stationary noisy conditions. The EIF-NS method achieved an
average gain of 10.7% and 21.4% in terms of the PESQ and
PEAQ measures, respectively. It also led to interesting speech
intelligibility improvement for the non-stationary noises. For
the chirp signals scenario, the novel approach also obtained the
highest output SNR and lowest RMSE values in non-stationary
noisy environments.
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