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mentation of adaptive filters. In this chapter, we focus on the normalized least mean
squares (NLMS) algorithm used with a variable normalized step size. The NLMS has
proven indeed to be a simple, robust and effective algorithm that has found a variety
of applications in signal processing (Hayes, 1996; Haykin, 2001; Widrow and Stearns,
1985). We will show that the variable normalized step size is necessary for the filter to
respond quickly to changes in signal statistics.
First, in Section 6.2 we present the structure of the multiple-input adaptive noise
canceller, we develop the theory about the normalized least mean squares algorithm
and we derive a method to obtain a variable step size parameter. In Sections 6.3.2 and
6.3.3, we consider an application to swell noise attenuation on two real marine seismic
data sets, and compare against two other noise attenuation methods: time-frequency
median filtering and a second order high-pass Butterworth filter. We show that the
multiple-input adaptive noise canceller achieves a very good attenuation of coherent
noise while preserving the seismic reflections in the case of localized, high amplitudes
swell noise that differs significantly from seismic reflections. This method yields better
results than time-frequency median filtering and second order high-pass Butterworth
filter when dealing with such noise. However, the multiple-input adaptive noise canceller can only partly attenuate the coherent noise when this one is somewhat correlated
with seismic reflections. Such noise is however much more difficult to handle, and the
other two comparative methods also show some limitations in their attempt of attenuating it. However, we demonstrate that combining time-frequency median filtering
with the multiple-input adaptive noise canceller yields a very good attenuation of coherent noise. Finally, in Section 6.3.4, we consider an application to seismic interference
attenuation, for which the efficiency is admittedly limited.

6.2
6.2.1

Theory
Multiple-input adaptive noise canceller

Let us consider a seismic trace or primary channel whose value at time sample n is
denoted by xk (n). The trace signal consists of the sum of a seismic signal sk (n) corrupted
by noise νk (n), such that
xk (n) = sk (n) + νk (n).

(6.1)

The multiple-input adaptive noise canceller uses a set of M noise sequences ν 1 (n), . . . ,
ν M (n), where ν i (n) = [νi (n) νi (n − 1) . . . νi (n − L + 1)]T , to predict the noise contained
in the primary channel at time sample n, and then subtract it from the primary. The
block diagram is shown in Figure 6.1. Thus, if the input noise sequences are correlated
with the corrupting noise νk (n) but uncorrelated with the seismic signal sk (n), then
the multiple-input adaptive noise canceller provides an estimate of the noise ν̂k (n) =
PM
i=1 ν̂i (n), that is subtracted from the primary channel xk (n) to form an estimate of the
94

Theory
seismic signal sk (n), given by the error value e(n):
e(n) = sk (n) + νk (n) −

M
X

ν̂i (n) = ŝk (n).

(6.2)

i=1

The estimate of the noise component, ν̂k (n), is obtained by finding a set of M optimal time-dependent tap-weight vectors w1 (n), . . . , wM (n). As optimality criterion, we
mean here the minimization of the mean-square error E{|e(n)|2 } at any time. Under
the previous assumptions, minimizing the mean-square error E{|e(n)|2 } is equivalent
P
2
to minimizing E{|νk (n) − M
i=1 ν̂i (n)| }, and therefore the error signal e(n) forms the
mean-square estimate of sk (n). In order to determine the set of tap-weight vectors that
minimizes the mean-square error, we use the normalized least mean squares algorithm.
The choice of an adaptive filter is justified by the nonstationary character of the seismic data where a non-adaptive filter fails to adapt to the changes of the signal statistics.
Finally, as input noise sequences we use either pure noise recordings recorded shortly
before data has been acquired if they are available, or we extract noise sequences from
data records prior the first seismic reflection arrival.

Figure 6.1: Block diagram of the multiple inputs adaptive noise canceller.

6.2.2

The normalized least mean squares algorithm

The least mean squares algorithm is a simple, robust and efficient algorithm that has
found a variety of applications in signal processing. In the least mean squares algorithm,
the minimization of the mean-square error is actually replaced by the minimization of
the instantaneous squared error |e(n)|2 , which does not require any ensemble average
to be known.
Let us consider an adaptive finite impulse response (FIR) filter of order L that produces an output
ν̂i (n) = wH
(6.3)
i (n)ν i (n),
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where wi (n) = [wi,0 (n) wi,1 (n) . . . wi,L−1 (n)]T is the ith tap-weight vector of the adaptive
filter and ν i (n) = [νi (n) νi (n − 1) . . . νi (n − L + 1)]T is the ith tap-input vector made of
the most recent L samples of input noise sequence νi (n). If we consider M input noise
sequences and if we denote the k th primary channel by xk (n), then the error between
the primary channel and the multiple noise inputs is given by
e(n) = xk (n) −

M
X

ν Ti (n)w∗i (n).

(6.4)

i=1

The LMS algorithm updates the ith tap-weight vector by the gradient of the instantaneous squared error (Widrow and Stearns, 1985), such as
wi (n + 1) = wi (n) − µ∇|e(n)|2 = wi (n) − µ e(n)∇e∗ (n).

(6.5)

Using the error signal given in equation 6.4, the gradient of the conjugate error is given
by
∇e∗ (n) = −[νi∗ (n) νi∗ (n − 1) . . . νi∗ (n − L + 1)]T ,
(6.6)
and therefore, the update equation of the ith tap-weight vector can be written as
wi (n + 1) = wi (n) + µ e(n)ν ∗i (n).

(6.7)

Because the selection of the step size µ can be tricky, we prefer the use of the normalized
LMS instead by setting
β
(6.8)
µ=
 + ||ν ∗i (n)||2
where 0 < β < 2 is the normalized step-size and  is a small positive number called
regularization parameter. The normalization by ||ν ∗i (n)|| makes us avoid the problem of
noise amplification, while  represents the regularization parameter added to overcome
situations where ||ν ∗i (n)|| is too small.
Therefore, we can summarize the normalized LMS algorithm for a FIR adaptive filter
of order L using M input noise sequences and applied to the k th seismic trace, as follows:
Initialization:
Computation:

wi (0) = 0
for i = 1, . . . , M.
For n = 0, 1, 2, . . .
M
X
e(n + 1) = xk (n + 1) −
ν Ti (n + 1)w∗i (n)

(6.9)
(6.10)
(6.11)

i=1

wi (n + 1) = wi (n) +
ŝk (n + 1) = xk (n +

β

e(n + 1)ν ∗i (n + 1) (6.12)

 + ||ν ∗i (n + 1)||2
M
X
1) −
ν Ti (n + 1)w∗i (n
i=1

+ 1).

(6.13)

Equation 6.12 is the tap-weight update equation while equation 6.13 gives the a posteriori error signal that represents the estimate of the seismic signal.
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6.2.3

Variable normalized step size parameter

The normalized step-size parameter β of the NLMS algorithm that governs the convergence speed and the steady-state excess of mean-square error must be properly selected. It is shown that the rate of convergence is proportional to the step-size, while
the steady-state excess of mean-square error is inversely proportional to the step-size.
Thus, a fixed β value means a tradeoff between rate of convergence, steady-state excess
of mean-square error and the ability of the filter to track signals as their statistics change
(Haykin, 2001; Zhao et al., 2009). Preliminary experiments on seismic data showed us
that if β is large, the correction of wi is large and as a consequence, the low-frequency
noise is significantly attenuated as well as certain seismic reflections. On the opposite,
if β is small, the correction of wi is small and then, the estimated signal follows rather
accurately the seismic reflections but fails to attenuate the low-frequency noise significantly.
Since we seek a filter that conserves the seismic reflections while attenuating coherent low-frequency noise, the use of a variable normalized step size is necessary. We
first tested a well-known variable step size algorithm described by Kwong and Johnston (1992) where the step size adjustment is controlled by the square of the prediction
error. It appeared to be unsuccessful when applied to seismic data because using the
error as a metric yields the same shortcomings as for constant step size. There is, however, one metric that differentiates seismic reflections from the coherent low-frequency
noise, which is the instantaneous frequency. Seismic reflections have indeed instantaneous frequencies that are larger than coherent low-frequency noise. Thus, we look for
an instantaneous frequency threshold value that differentiates seismic reflections from
coherent low-frequency noise. For instantaneous frequencies smaller than the threshold value, low-frequency noise is detected and a larger normalized step size should be
used. For instantaneous frequencies larger than the threshold value, seismic reflections
are detected and a smaller normalized step size should be used.
For this application, we calculate the instantaneous frequency φ(t) by means of the
Hilbert transform. The Hilbert transform x̃(t) of a real signal x(t) is the conjugate of
this signal, i.e., a version of this signal with a 90◦ phase shift. They create a so-called
analytic signal z(t) that can be written with an amplitude and a phase, and whose phase
derivative can be identified as the instantaneous frequency. Thus, we define the analytic
signal z(t) of x(t) as
z(t) = x(t) + j x̃(t)
(6.14)
where j is the square root of -1. The imaginary part x̃(t) contains the Hilbert transform,
defined as
Z ∞
x(τ )
1
dτ
(6.15)
x̃(t) = H[x(t)] = p.v.
π
−∞ t − τ
where p.v. denotes the Cauchy principal value, provided this integral exists as a principal value. Note that the Hilbert transform also satisfies H[H[x(t)]] = −x(t). In addition,
x(t) and x̃(t) have the same amplitude and frequency content, and x̃(t) includes phase
information that depends on the phase of x(t) (Boashash, 1992; Claerbout, 1976; Hahn,
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1996). The Hilbert transform is useful in calculating instantaneous attributes of a time
series and in particular, the instantaneous frequency (Boashash, 1992; Cohen, 1995; Luo
et al., 2003). Thus, given the real signal x(t) = A(t) cos θ(t), we may express the analytic
signal in the compact form z(t) = A(t)ejθ(t) , where
p
A(t) = x2 (t) + x̃2 (t)
(6.16)
is referred to as the instantaneous amplitude and
θ(t) = arctan

x̃(t)
x(t)

(6.17)

is referred to as the instantaneous phase of the analytic signal. Therefore, the instantaneous frequency, that is the time rate of change of the instantaneous phase angle, is
given by
θ(t + Ts ) − θ(t)
(6.18)
φ(t) =
2πTs
where Ts denotes the sampling period. Using a discrete-time notation t = nTs , n ∈ Z,
the instantaneous frequency is given by
φ(n) =

θ(n + 1) − θ(n)
.
2πTs

(6.19)

In our method, we first set up to two threshold values for instantaneous frequency,
denoted by Φ1 and Φ2 . In order to choose these two values, we calculate the instantaneous frequency for all the noise input sequences to obtain the range of possible values,
and then choose the thresholds so that they include a high percentage of the frequency
values. Thereafter, we need to calculate the instantaneous frequencies φk (n) for each
seismic trace xk (n). Because they usually are very spiky, it is necessary to smooth the
frequency time series before applying thresholds. To do so, we use the robust locally
weighted regression proposed by Cleveland (1979). This method is an extension of
smoothing techniques based on local fitting of polynomials where a robust fitting procedure is used that guards against deviant points distorting the smoothed points. Note
that this smoothing function is built in Matlab R (2010). Thus, we are now able to define
the normalized step-size parameter value β as follows

 β0 if φk (n) ≥ Φ1
β1 if Φ2 ≤ φk (n) < Φ1
(6.20)
β(n) =

β2 if φk (n) < Φ2 .
Note that the normalized step-size parameter has become time dependent and it is
therefore denoted by β(n) here. The equation 6.12 must be subsequently updated and
becomes
β(n)
e(n + 1)ν ∗i (n + 1).
(6.21)
wi (n + 1) = wi (n) +
 + ||ν ∗i (n + 1)||2
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6.2.4

Other comparative methods

In order to evaluate the performances of the variable step size multiple-input adaptive
noise canceller, we will test our data set against two other low-frequency noise attenuation methods, that are a local time-frequency median filter and a second order high-pass
Butterworth filter. In this chapter, we use a time-frequency median filter as described by
Elboth et al. (2010). This filter uses a sliding window that scans the input gather both in
space and time. Within this window, a spectral estimate of all traces is achieved and the
amplitude estimates at each frequency are compared with the amplitude of a presumed
good trace within the chosen window. Here, time-frequency median filtering is applied
within the frequency range 0 - 15 Hz where every amplitude estimate greater than 3.2
times a reference amplitude corresponding here to the lower quartile of the amplitude
spectrum is attenuated.
The Butterworth filter is a well known type of filter designed to have a frequency
response which is as flat as possible in the passband and rolls off towards zero in the
stopband (Bianchi and Sorrentino, 2007). We use in our applications a second order
high-pass Butterworth filter with cutoff frequency at 2 Hz. It is described by its system
−1 +0.97z −2
and its magnitude response is shown in Figure 6.2.
function H(z) = 0.97−1.93z
1−1.93z −1 +0.93z −2
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Figure 6.2: Magnitude response of a second order high-pass Butterworth filter with
cutoff frequency at 2 Hz (Zoom in the first 40 Hz).

6.3
6.3.1

Applications
Data conditioning

In order to avoid convergence problems with the NLMS algorithm, we wish to have
input noise sequences that have the same number of samples as the primary channel.
If it is not the case, we replicate the noise sequences as many times as necessary and
smooth up to five data samples just before and after the replication time by mean of
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cubic spline interpolation to avoid sharp transitions. Finally, we shift each of these new
input noise sequences so that the replication time differs from sequence to sequence.
In addition, in spite of the use of a time-adaptive algorithm, it appears that it cannot
always follow the rapidly changing statistics of input traces. In that case, a solution to
boost our method consists of dividing each input trace into small overlapping segments
of NB samples each and reinitializing the algorithm at the beginning of each segment.
The overlapping samples are then discarded to avoid the non-steady state of the first
few iterations.

6.3.2

Application to swell noise attenuation: first example

We test the multiple-input adaptive noise canceller on two sets of real marine seismic
data. The first one, shown in Figure 6.3 (a), is a marine shot gather that consists of 200
traces and that is greatly corrupted by swell noise in a very localized manner. We extract
a data window prior the first seismic reflection arrival in the offset interval 2 – 2.36 km
and in the time interval 0 – 1.12 s, shown in Figure 6.3 (b). It is then replicated to form
30 input noise sequences of length equal to the traces length.
We first consider a variable step size NLMS algorithm of order L = 50. The block
length NB is set to 0.6 s with 10 % overlap between blocks and  is set to 0.0001. In
this example, we use two threshold values Φ1 and Φ2 by counting up respectively 99
% and 97 % of all instantaneous frequency values. The normalized step size values
are set to β0 = 0.00005, β1 = 0.005 and β2 = 0.015. In order to optimize the noise
attenuation, we apply the variable step size NLMS algorithm three times successively
with the same parameters. The output gather after the first application is shown in
Figure 6.4 (a) and after the third application in Figure 6.4 (b). The residual plot, i.e.,
the difference between the input and output gathers after three applications of the filter
is shown in Figure 6.4 (c). We observe that most of the swell noise has been removed
while the seismic reflections are unaffected. However, three successive applications of
the filter to this data set are necessary to attenuate the largest amplitudes of swell noise.
We now compare the performances of the variable step size multiple-input adaptive
noise canceller against the local time-frequency median filter. The time-frequency median filter is applied to the entire data set a first time, and then a second time to data
recorded after 1.8 s to avoid the attenuation of seismic reflections. The output gather is
shown in Figure 6.5 (a) while the residual plot is shown in Figure 6.5 (b). A few seismic reflections have been attenuated before 2.5 s, but a significant part of swell noise,
including the largest swell amplitudes, have been removed. However, some swell noise
is still visible in the output gather after 5 s, and in particular for offset distances between
0.3 and 1.0 km. This is caused by the trace-to-trace comparison used by this technique.
Applying the time-frequency median filter one more time may remove some more data,
which is not desired. In addition, the amount of swell noise left is much more important
than for the multiple-input adaptive noise canceller. Let us now apply the second-order
high-pass Butterworth filter to remove the low-frequency components of this data set.
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Again, the choice of a larger cutoff frequency or a larger filter order, as well as successive
applications of this high-pass filter, would remove too much seismic signal. Figure 6.6
(a and b) shows the output gather and the residual plot, respectively. The attenuation
of swell noise, especially the highest amplitudes, is very limited and in addition, a few
seismic reflections are attenuated as well before 2 s. Such filter is definitively not a
valuable alternative to handle this type of noise.
We now combine the time-frequency median filter with the multiple-input adaptive
noise canceller. We think the first method may attenuate the largest swell amplitudes,
while the second one should attenuate most of the coherent noise left. Keeping the
same parameters for both methods, we first apply the time-frequency median filter to
the entire input gather followed by the multiple-input adaptive noise canceller. The
output gather and the residual plot are shown respectively in Figure 6.7 (a) and (b). The
noise attenuation is not as efficient as in Figure 6.4 (b) where only the multiple-input
noise canceller is used, with more leftovers in deep waters for all offsets. In addition,
more seismic reflections are attenuated as well. Consequently, there is no benefits to
combine the time-frequency median filter with the multiple-input noise canceller for
the attenuation of this type of noise, and the multiple-input noise canceller used by
itself provides the best solution here.

6.3.3

Application to swell noise attenuation: second example

Let us consider another marine shot gather shown in Figure 6.8 (a) made of 96 traces and
corrupted by seismic interferences visible after 1 s, and by swell noise, visible around
offsets 0.25 km, 0.5 km and beyond 1 km. Contrary to the previous data set, the frequency content of the swell noise does not differ so dramatically from the frequency
content of seismic signals. In addition, it is recorded along the entire traces and characterized by smaller amplitudes. We extract a data window prior the first seismic reflection arrival in the offset interval 0.937 – 1.112 km and in the time interval 0 – 0.6 s, and
replicate it to form 15 input noise sequences of length equal to the traces length shown
in Figure 6.8 (b).
We consider a variable step size NLMS algorithm of order L = 50, where data are
treated as a single block, i.e., NB is equal to the trace length. In this example, we use
a unique instantaneous frequency threshold value, Φ1 = Φ2 = 70 Hz. The normalized
step size values are β0 = 0.000005 and β1 = β2 = 0.001, while  = 0.0001. In order to optimize the noise attenuation, we apply the variable step size NLMS algorithm three times
successively with the same parameters. The output gather after the first application is
shown in Figure 6.9 (a) and after the third application in Figure 6.9 (b). The residual
plot, i.e., the difference between the input and output gathers after three applications
of the filter is shown in Figure 6.9 (c). After three applications, lots of swell noise has
been removed, more specifically around 0.25 km, 0.4 – 0.5 km, 0.7 km and beyond 0.9
km, while the seismic reflections have been preserved. We observed however that the
output gather still contains low-frequency noise, especially along a few chaotic traces at
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Figure 6.3: First example: (a) input marine shot gather and (b) 30 extracted input noise
sequences.
offsets 0.28 km, 0.4 km, 1.1 km and 1.2 km. Finally, like in the first example, three successive applications of this filter are necessary to attenuate significantly the low-frequency
noise. This filter however is not able to attenuate the seismic interferences.
Clearly, distinct swell noise that is localized within an input gather and that is characterized by a high amplitudes, low-frequency content as in the first example, is much
more successfully handled by the multiple-input adaptive noise canceller. First, be102
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Figure 6.4: Multiple-input noise canceller: output shot gather after (a) one application of
the filter, and (b) three applications of the filter. (c) Residual plot after three applications
of the filter.
cause swell noise and seismic reflections have a rather different range of instantaneous
frequencies, it is easier for the user to set optimal threshold values. Then, because the
noise is clearly uncorrelated with the seismic reflections, its attenuation by the multiple103
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Figure 6.5: Time-frequency median filtering: (a) output shot gather and (b) residual plot.
input adaptive noise canceller is very efficient. On the contrary, when the low-frequency
noise is somewhat correlated with seismic reflections, as in the second example, the
multiple-input adaptive noise canceller has a limited efficiency.
For comparison, we apply the time-frequency median filter within the frequency
range 0 - 12 Hz to the data set shown in Figure 6.8 (a). Successive applications of this filter do not bring further improvement. Figure 6.10 (a and b) shows the output gather and
the residual plot, respectively. The highest amplitudes of swell noise are much better
104

Applications

0

0

0.5

Distance (km)
1.0
1.5

2.0

2.5

2.0

2.5

Time (s)

2

4

6

8

(a)
0

0

0.5

Distance (km)
1.0
1.5

Time (s)

2

4

6

8

(b)

Figure 6.6: High-pass Butterworth filter: (a) output shot gather and (b) residual plot.
attenuated at for instance distances 0.26 km, 0.40 km and 1.15 km, but the smallest ones
are almost left unchanged. This is explained by the fact that the time-frequency median
filter compares each frequency amplitude with the ones from the neighbor traces that
are also contaminated by noise of similar amplitude spectrum. In such a case, small
frequency amplitudes are not considered as abnormal and therefore, they are not attenuated. Since the multiple-input noise canceller better attenuates small swell noise
amplitudes, then both methods are potentially complementary. Thus, we investigate
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Figure 6.7: Time-frequency median filtering + multiple-input noise canceller: (a) output
shot gather and (b) residual plot.
now the combination of the time-frequency median filter with the multiple-input adaptive noise canceller. We apply the multiple-input adaptive noise canceller to the output
of the time-frequency median filter with the same parameters as in Figure 6.9. The resulting output gather and its residual plot are shown in Figure 6.11. This combination
yields significant improvement since small swell noise amplitudes are much better attenuated at distances 0.25 – 0.5 km and beyond 1 km. Therefore, the time-frequency
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median filter combined with the multiple-input noise canceller yields a real improvement on this data example.
Finally, we apply the second order high-pass Butterworth filter to the second data
set to remove the low-frequency content. Again, the choice of a larger cutoff frequency
or a larger filter order would remove too much seismic signals, as well as successive
applications of this high-pass filter that attenuate certain seismic reflections. Figure 6.12
(a and b) shows the output gather and its residual plot, respectively. The high-pass filter
presents the same limitations as the multiple-input adaptive noise canceller concerning
the attenuation of high amplitude swell noise. This last method, nevertheless, better
attenuates specific traces such as at offsets 0.25 km and 1.2 km, but also attenuates the
primary reflection as well. Thus, even if the high-pass Butterworth filter presents the
advantage of having a very small computational complexity, it yields some artefact that
can be partly resolved by the multiple-input adaptive noise canceller and even better,
by the combination of the time-frequency median filter with the multiple-input noise
canceller, at the cost however of a larger computational complexity. Finally, we notice
that none of the tested methods are able to attenuate the seismic interferences contained
in the input data set.

6.3.4

Application to seismic interferences attenuation

The multiple-input noise canceller, in its present form, can also be used for the attenuation of seismic interferences when applied along the dip of the interferences. It basically
consists of "rotating" the input gather so that the interferences are aligned vertically, as a
normal trace usually is. We then pick-up a few trace segments containing interferences
that will be considered as noise sequences, run the multiple-input noise canceller for all
the rotated traces, and finally rotate them back to their original configuration.
Let us now consider the real data set used in the second example shown in Figure 6.8
(a), and apply the multiple-input noise canceller to attenuate the rather strong seismic
interferences recorded after 1.5 s, or the smaller ones recorded before 0.5 s. The dip of
the interferences is about 2 ms upward per trace. To form the input noise sequences,
we extract 9 rotated traces whose original time location is around 2 s at offset 0 km.
Frequency thresholds are set to Φ1 = 125 Hz and Φ2 = 75 Hz, and the normalized
step size values are β0 = 0.00005, β1 = 0.01 and β2 = 0.02. The other parameters
are left unchanged. We apply this filter to the output of time-frequency median filter
combined with the multiple-input noise canceller in Figure 6.11 in order to evaluate the
best possible result that can be obtained.
Figure 6.13 (a) shows the output gather and (b) the residual plot, i.e., the difference
between the input gather shown in Figure 6.8 (a) and the output gather. Only some
of the strongest interferences located after 1 s have been been attenuated, while a tiny
part of the primary reflection has been attenuated as well. By increasing the value of
β2 , we experienced that the attenuation of seismic interferences is more significant but
at the cost of a more important attenuation of the primary reflection. Note that no other
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Figure 6.8: Second example: (a) input marine shot gather and (b) 15 extracted input
noise sequences.
seismic reflections are attenuated. We think however that a possible way to overcome
this problem consists of applying the multiple-input noise canceller to a limited section
of the data that does not include the primary reflection. The attenuation of seismic
interferences is more tricky than the attenuation of swell noise, as the frequency spectra
of the seismic interferences and the seismic reflections are relatively similar. Thus, using
the instantaneous frequency as a metric that can differentiate the seismic interferences
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Figure 6.9: Multiple-input noise canceller: output shot gather after (a) one application of
the filter and (b) three applications of the filter. (c) Residual plot after three applications
of the filter.

from standard seismic reflections is no longer optimal, and therefore the efficiency is
limited.
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Figure 6.10: Time-frequency median filtering: (a) output shot gather and (b) residual
plot.

6.4

Discussion

The user effort to set up the parameters is dependent on the data set to be treated.
The key parameters are the instantaneous frequency threshold values, Φ1 and Φ2 , and
the normalized step size values β0 , β1 and β2 . Here, β0 is usually low to keep high
frequency components unchanged, while β1 and β2 are much larger and control the rate
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Figure 6.11: Time-frequency median filtering + multiple-input noise canceller: (a) output shot gather and (b) residual plot.
of convergence, i.e., the level of signal attenuation. In the case where the swell noise is
localized within the input gather and characterized by high amplitudes low-frequency
signals that are uncorrelated with the seismic reflections, as in the first data example,
the instantaneous frequencies of the noise and the seismic reflections differ significantly.
Therefore, the threshold values Φ1 and Φ2 are easy to find, typically corresponding to
a high percentage of all instantaneous frequency values. In the case where the swell
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Figure 6.12: High-pass Butterworth filter: (a) output shot gather and (b) residual plot.
noise is somewhat correlated with seismic reflections, as in the second data example,
the determination of the threshold value parameters is more tricky and requires a few
trial-and-errors to find optimal values.
The computational cost of the multiple-input adaptive noise canceller is satisfactory.
This method is definitively more complex than a standard second order high-pass filter,
but it requires less operations than the time-frequency median filter, and it is therefore,
less computationally demanding. The main reason is that the multiple-input adaptive
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Figure 6.13: Multiple-input noise canceller application for seismic interferences attenuation: (a) output shot gather and (b) residual plot.

noise canceller treats all the traces independently and does not perform any trace-totrace comparison as the time-frequency median filter does.
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6.5

Summary

We have proposed a method to remove coherent noise that utilizes the filter structure
of the multiple-input adaptive noise canceller, and an adaptive normalized least mean
squares algorithm with variable step size to resolve the tap-weights coefficients. This
method has been compared to the time-frequency median filter and a second-order
high-pass Butterworth filter.
We showed that the use a variable step size is a necessary condition for this method
to adapt to the changing statistics of the data and therefore, successfully attenuate coherent noise. By choosing the appropriate set of normalized step size values, the multipleinputs adaptive noise canceller achieves a very good attenuation of coherent noise while
preserving the seismic reflections in the case where the swell noise is localized within
the input gather and characterized by high amplitudes low-frequency signals that are
uncorrelated with the seismic reflections. In such a case, we showed that this method
was more efficient than the time-frequency median filter by its ability to attenuate coherent noise even when the neighbor traces are corrupted by similar noise. However,
we found that when the low-frequency noise is somewhat correlated with the seismic
reflections, the multiple-input adaptive noise canceller affects mostly the small noise
amplitudes whereas the time-frequency median filtering was better at attenuating the
highest noise amplitudes. We showed then that the combination of the time-frequency
median filter with the multiple-input adaptive noise canceller yielded significant improvements. Thus, the multiple-input adaptive noise canceller is a powerful and efficient filter to attenuate swell noise, that can be used either by itself or in combination
with the time-frequency median filter, depending of the noise configuration. In addition, we demonstrated in both cases that the high-pass Butterworth filter had limited
effects on coherent noise attenuation. Finally, we showed that the multiple-input adaptive noise canceller could find some applications for seismic interferences attenuation,
after manipulation of the input data set. However, because the frequency spectra of the
seismic interferences and the seismic reflections are relatively similar, the efficiency of
this filter is limited.
Finally, this method is relatively easy to implement, it has an acceptable computational cost, and the user effort to set up the parametrization is reasonable. However, one
requirement for this method is that the reference noise is available and well correlated
with the noise contained in the primary channel. As future work, we may consider its
application in the frequency domain.
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Conclusions and suggestions for future
work
First, the statistical modeling and analysis of seismic background noise have been investigated. They have revealed that the seismic noise is almost symmetric and slightly
platykurtic, and that it yields a composite power-law spectrum. Furthermore, we have
proposed a clustering procedure of the noise level as an original quality estimation tool
for geophysicists. Thus, the cluster matrix emphasizes defective channels as well as the
inhomogeneity of seismic noise along a streamer, and in particular a higher noise level
at the head of the streamer and nearby the units hanged to the streamer.
In Chapter 3, we focused on single-azimuth stacking methodologies. We have proposed a novel enhanced stacking method that utilizes local correlation between each
individual trace and a chosen reference trace, as a measure of weight, and a new weight
normalization scheme. Three different reference traces have been proposed based on
(i) conventional stacking, (ii) weighed-stacking using S/N-estimation weights, and (iii)
Kalman filter. The use of a Kalman filter is an innovative approach for this application as well as the weight normalization scheme in the enhanced local correlation
stacking method. We showed that the use of S/N-estimation reference trace and even
more significantly, the use of Kalman reference trace yield consistently superior results
compared to conventional stacking. In particular, the superior reference traces exhibit
cleaner and better defined reflected events, as well as the ability to see a larger number
of reflections in deep waters. We documented that the use of an S/N-estimation reference trace has the ability to enhance coherent signals recorded by short offset traces,
while a Kalman reference trace has the ability to emphasize any coherent signal recorded
by any traces. For this reason, misalignment does not degrade S/N-estimation reference
trace as much as Kalman reference trace. Furthermore, we showed that the enhanced
stacking method yields superior results compared to conventional stacking. The best
combination is obtained when using S/N estimation as reference method. It exhibits
more reflected events, and in our application on sub-salt structure, it reveals a few
continuous reflected events under the sub-salt structure. However, we showed that
enhanced stacking emphasizes the strongest reflections while discriminating weaker
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ones, which deteriorates the longitudinal homogeneity of the seismic image. Thus, the
use of Kalman filter reference method should be preferred to enhanced stacking using
S/N estimation as reference method, since it achieves a better overall seismic image
contrast and reveals many more, cleaner and better defined reflected events. However,
this result is obtained at the cost of a higher noise level and a larger processing time.
Therefore, choosing between one of these two methods is a trade-off between more revealed information and cleaner seismic image. As future work, we suggest to explore
the use of mutual information as a generalized statistical measure of signal correlation.
Another possible improvement of the presented methods consists of deriving S/N estimates locally instead of globally to improve the S/N-estimation method. Equivalently,
deriving the trace amplitudes locally instead of globally should improve the Kalman
filter method.
In Chapter 5, we presented an innovative application of sparse code shrinkage and
independent component analysis for signal to noise ratio enhancement of seismic signals. More specifically, we proposed to use the enhanced stacking method presented
in Chapter 3 applied locally to obtain the "noise-free" realization of the data that allows
the derivation of data-driven shrinkages. We showed that using data-fitted shrinkages
is a necessary condition for sparse code shrinkage to be a valuable alternative as signal enhancement method. In addition, we investigated several density models, either
non-parametric or parametric. Thus, we have derived the shrinkage theory for the nonparametric Gaussian kernel density estimate and for the parametric models using the
sparse, the normal inverse Gaussian and the mixture of generalized Gaussian densities. We showed that sparse code shrinkage is an efficient method that targets the noise
components to shrink them while preserving the signals. By its ability to enhance signals in both shallow and deep waters, the normal inverse Gaussian density appears to
be the best choice of density. However, the sparse density, the mixture of generalized
Gaussian density and non-parametric Gaussian kernel estimate have proven to be acceptable choices as well. The flexible parametrization of the normal inverse Gaussian
density allows it to model a larger number of unimodal densities, and therefore, it suits
seismic data very well. In addition, the level of attenuation of the sparse coded data
can be easily adjusted by the user through the noise variance parameter. Finally, the
comparison of sparse code shrinkage with local SVD and f-x deconvolution has shown
that sparse code shrinkage was an efficient method for removing background noise and
estimating signals in both shallow and deep waters. However, this is achieved at the
cost of a higher computational load, mostly because of the determination of the ICA
transformation matrix. As future work, we suggest the investigation of more elaborate
"noise-free" realizations, as the signal reconstruction achieved by sparse code shrinkage
may be enhanced by improving the quality of signals contained in this realization. In
addition, some other super-Gaussian density models can be investigated, and in particular, the generalized Laplacian density and the mixture of two normal inverse Gaussian
might good candidates.
Finally, we presented in Chapter 6 an application of the multiple-input adaptive
noise canceller to the attenuation of flow-generated nonstationary coherent noise and
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seismic interferences. This filter uses a normalized least mean squares algorithm with
a variable normalized step size. We showed that the use a variable step size is a necessary condition for this method to adapt to the changing statistics of the data, and
therefore successfully attenuates coherent noise. The determination of the variable step
size parameter is not however an easy task and classical methods fail because they cannot adapt to the characteristics of the seismic noise. In this chapter, we proposed to
derive this parameter as a function of instantaneous frequency for each seismic trace, as
it is a metric that differentiates relatively well the seismic reflections from the coherent
low-frequency noise. The comparison with a time-frequency median filter and a secondorder high-pass Butterworth filter revealed that the multiple-input adaptive noise canceller achieves a very good attenuation of coherent noise while preserving the seismic
reflections in the case of localized, high amplitudes swell noise that is uncorrelated with
the seismic reflections. This method is indeed more efficient than the time-frequency
median filter by its ability to attenuate coherent noise even when the neighbor traces
are corrupted by similar noise. However, we found that when the low-frequency noise
is somewhat correlated with the seismic reflections, the multiple-input adaptive noise
canceller affects mostly the small noise amplitudes whereas the time-frequency median
filtering is better at attenuating the highest noise amplitudes. We showed then that the
combination of the time-frequency median filter with the multiple-input adaptive noise
canceller yields significant improvements. Thus, the multiple-input adaptive noise canceller is a powerful and efficient filter to attenuate swell noise, that can be used either by
itself or in combination with the time-frequency median filter, depending of the noise
configuration. In addition, we demonstrated in both cases that the high-pass Butterworth filter has limited effects on coherent noise attenuation. Finally, we showed that
the multiple-input adaptive noise canceller could find some applications for seismic interferences attenuation, after manipulation of the input data set. However, because the
frequency spectra of the seismic interferences and the seismic reflections are relatively
similar, the efficiency of the filter remains limited. As future work, we may consider the
derivation of such filter in the frequency domain.
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Appendix
Proof of equation 5.8: f (x|s) = fν (x − s)
Consider the model
x=s+ν
where s and ν are two independent random variables. The change of variables (s, x) to
(u, v) is defined by the linear transform G such that

u=x−s
v = s,
which is equivalent to


x=u+v
s = v.

The probability density of the new variables, fu,v , is given by
fu,v (u, v) = fs,x (G−1 (u, v))|J −1 |
where J −1 is the inverse of the Jacobian matrix given by

 ∂s ∂s  
0 1
∂u
∂v
=
.
∂x
∂x
1 1
∂u
∂v
Thus, |J −1 | = 1 and fu,v (u, v) = fs,x (G−1 (u, v)) = fs,x (v, u + v).
Using again the variables (s, x) instead of (u, v) in the latest equation, we obtain
fs,ν (s, ν) = fs,x (s, x).
Moreover, s and ν are independent, which yields
fs,ν (s, ν) = fs (s)fν (ν) = fs,x (s, x).
Bayes rule for densities gives
fs,x (x|s) =

fs (s)fν (ν)
fs,x (s, x)
=
= fν (ν) = fν (x − s).
fs (s)
fs (s)

Finally, by dropping the subscripts s and x, we obtain
f (x|s) = fν (x − s).
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