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ABSTRACT

One of the most important steps in the processing of Vertical Seismic Profile data 
is the separation of upgoing from downgoing waves (usually referred to as the wavefield 
separation problem). Not only does good separation allow for better interpretation of seis
mic data, but also improves later processing procedures.

There has been considerable research in this area of wavefield separation. Most ap
proaches rely on the separation between the two wavetrains in either the time-depth (t-z) 
domain or the frequency-wavenumber (f-k) domain. Other approaches perform the separa
tion in different domains such as the intercept time-slow ness (T-p). In practice, the most 
commonly used method is the velocity filtering technique which operates in the f-k domain.

Each of the previous methods has its own problems either because of the assump
tions inherited in the procedure itself that are far from reality or because of practical limita
tions imposed by the data during acquisition. The objective of this study is to present a 
simplified nonlinear statistical approach to the problem of wavefield separation through the 
use of median filters with minimum assumptions about the data.

Since the computation of the filter is in the time-depth (t-z) domain, temporal as 
well as spatial aliasing resulting from Fourier transformation are avoided. The filter can be 
made time and space variant and does not require equal spacing of VSP measurements as 
is the case with conventional f-k filters. Time-invariance of the source waveform is not as
sumed and the undesirable effects of smearing and extending wavefields beyond their origin 
(spatial mixing) are eliminated.

The new method is tested on synthetic data and a comparison to conventional 
velocity filtering is made in terms of performance and assumptions. The analysis of two test
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examples used in the geophysics literature shows that not only the assumptions imposed 
when velocity filtering is used are eliminated, but also the separation of upgoing from 

downgoing waves is much improved when median filters are applied. The filter is also ap
plied to a real data set showing a noisy tube wave. F-K analysis of the data before and after 
filtering demonstrates the good performance of the filter not only in the wavefield separa
tion but also in filtering the tube wave.

Different types of undesired modes of energy can also be suppressed by the applica
tion of median filters. To see the action of the filter on aliased data, a more demanding ex
ample of a spatially aliased tube wave model is generated. The tube wave is completely 
attenuated along with its aliased portion, something velocity filters cannot do. The uses of 
median filters are not limited to VSP data, either. We demonstrate this by giving an ex
ample from surface seismic data in which the filter is applied along the time domain to a 
shallow seismic profile showing a high frequency air wave. The output shows much better 
suppression of the air wave than when a linear low-pass filter is used.

The nonlinearity property of the median filters is not to be considered as an obstacle 
but rather deserves more attention in the processing stream. The simple formulation of the 
filters makes them very easy to work with and to construct, unlike velocity filters. An im
portant thing to note here is that the input to the filter must show lining up of events that are 
to be preserved. This lining up of events is performed using correlation detection that al
lows for downhole signal changes.

Though the filter can tolerate poorly conditioned data, the lining up of events that 
are to be preserved is necessary. A more accurate alignment is achieved if a resampling of 
the data is performed first. Resampling VSP data to a finer sampling interval will therefore 
not only allow for more accurate traveltime measurements and subsequently more accurate 
elastic constant calculations but will also play an important role in later processing steps.
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An interpolation procedure, derived from the sampling theorem, is presented using sine 
functions to resample the data. The algorithm, when tested on one-dimensional sampled 
waveforms, proves to be very effective. The effectiveness is measured in terms of the cor
relation coefficients between the reconstructed waveforms and the continuous ones.

Extension of the interpolation algorithm to two-dimensional sampled data is car
ried out and the resultant interpolated data is more amenable to 2-D algorithms to isolate 
wavefields. Once the wavefield separation has been solved, deconvolution operators are 
calculated from the downgoing wave. Synthetic models show that deconvolving VSP data 
that was created with a non-minimum phase source wavelet results in an undesirable phase 
distortion that can be compensated for optimally by methods derived from the Wiener trans
form. The optimality is in the sense of minimizing the mean-square error.
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INTRODUCTION

In a typical reflection seismic survey, detectors are placed on the surface of the earth. 
There are, however, advantages in placing the detectors in the subsurface by locking them 
to the borehole wall down a well, and recording the seismic wave field at different levels in 
the borehole. This is the essence of vertical seismic profiling (VSP).

Compared to a well-velocity survey, the entire seismic trace is recorded at each 
measurement point instead of just the first break. A whole variety of events may be ob
served including the direct downgoing waves, primary reflections traveling upward, multi
ples, tube waves, and P-S converted waves (Figure 1).

Having the receivers located close to the target horizons makes the environmental con
ditions associated with a VSP survey seismically better than those of surface seismic.

The importance of the VSP technique lies in its potential for creating a detailed sub
surface image in the vicinity of the well that is often obscured on conventional surface seis
mic data. This generates a broad spectrum of applications to seismic exploration that has 
been recognized in the past decade.

Potential applications include surface data correlation and deconvolution, fracture 
identification, lithology studies, porosity determination and elastic constants calculations.

Such applications require accurate compressional as well as shear wave velocities and 
a good separation of upgoing from downgoing energy, which is in itself a crucial step in the 
processing procedure of VSP.

Extreme accuracy in time correcting VSP data is achieved by resampling the data to 
a finer sampling interval. This allows for more accurate measurements of P and S wave
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velocities which leads to more precise evaluations of the elastic constants, such as shear 
rigidity, bulk modulus and Poisson's ratio derived from Vp/Vs ratio.

The resampling procedure is implemented using a sine interpolation algorithm that 
has been extended to operate along the space domain as well as time domain.

Because of its importance, considerable research has been done in the area of 
wavefield separation of VSP. Most approaches rely on the separation between the two 
wavetrains in either the time-space (t-z), frequency-wavenumber (f-k) or intercept time- 
slowness (T -p ) domains. All have their own problems either inherited in the procedure itself 
or because of practical limitations imposed by the data during acqusition.

A nonlinear median filter, first suggested by J.W. Tukey (1977), is used to separate 
the upgoing from the downgoing energy. Its performance is found to be very effective and 
its formulation is simple. Avoiding the problems associated with conventional velocity 
filters, it offers a powerful tool for the wavefield separation problem.

The filter is tested on synthetic as well as real VSP data. New applications of the filter 
are also introduced for other types of seismic data.

Deconvolution of upgoing waves using the observed downgoing wave is another 
essential step in the processing procedure. The Minimum-phase assumption of Wiener- 
Levinson deconvolution is violated when using some seismic sources such as those that 
achieve pulse compression by correlation which results in an undesirable phase distortion. 
The phase distortion can be compensated for simply and optimally by the use of the Wiener 
transform.

Most of the models used in the study were generated and processed on the Gould 
computer using the VSEIS package.
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It has been found that processing procedures applied to VSP data are basically those 
applicable to surface data. However, due to the unique conditions associated with VSP, the 
conventional processing steps simply borrowed from surface seismic are not always ap
propriate.
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PROCESSING PROCEDURES

Resampling and zero-moveout alignment

One of the important applications of VSP is the determination of the physical proper
ties of rock layers penetrated by the well. Lithology studies, porosity determination and 
elastic constants can be inferred from amplitude and velocity information contained in a 
VSP.

Leslie and Mons (1982) show that the amplitude of shear wave is inversely propor
tional to the clay content of a lithologie unit and is low in mud-supported limestone. They 
also confirm Pickett’s (1963) finding, that the shear wave interval transit time changes more 
dramatically than does the compressional wave interval transit time, when the porosity in a 
given rock varies. Cheng and Toksoz (1981) show that the amplitudes of events occurring 
between the compressional and shear wave arrivals change when the Poisson’s ratio of the 
formation changes. The accuracy of the previous studies is very much affected, if not 
limited, by the quality of P and S-wave velocity measurements which in turn are related to 
the traveltimes of the first-arriving P and S-waves.

The following example illustrates that a small error in the traveltime of the first ar
rival induces large errors in the velocity. Using standard rock physics formulas, it can he 
shown that these errors in the velocity have serious influence on the determination of elas
tic parameters such as Poisson’s ratio.

A 0.5 msec error in travel time over a 25 ft depth interval with a true P-wave interval 
velocity of 15000 ft/sec, would result in an observed velocity of 11538.5 ft/sec, a 23% error. 
If we assume an S-wave velocity o f7500 ft/sec, this would give an error of 60% in Poisson ’ s 
ratio; where the true Possion's ratio is 0.3333 while the observed one is 0.1342. Since the 
elastic constants are related to each other in terms of P and S-wave velocity, they will all be

ARTHUR LAKES LIBRARY 
COLORADO SCHOOL of MINES 

GOLDEN. COLORADO 8040'
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affected. In particular, bulk modulus will have an error of 54% and Young’s modulus will 
have an error of 57% .

If we assume the 0.5 msec error for both P and S-wave first arrivals, then the error in 
the Vp/Vs ratio is 11% ( less severe than the 23% in the first case where the error was only 
for the P-wave first arrival ). Poisson’s ratio would have an error of 20% instead of 60%: 
where the true value is 0.3333 and the observed one is 0.2653. The true Poisson’s ratio is 
a characteristic of sandstone while the observed one is indicative of limestone (Sheriff, 
1982).

Resampling VSP data to a finer sampling interval will not only allow for more ac
curate traveltime measurements and subsequently more accurate P and S-wave velocities, 
but will also play an important role in later processing procedures. Dillon et al (1985) list 
some accounts on which inaccuracies of arrival times affect the integrity of the final VSP 
image.

Of particular interest is that during wavefield separation, inaccurate alignment of the 
first arrival distorts the downgoing wave estimate.

If velocity filtering is used, the performance of the filter is more effective when ap
plied to data that has been resampled to a finer sampling interval. The amplitude spectrum 
of the 2-D Fourier transform is more definite and sharply focused.

In the case of median filtering, the filtered output which is an estimate of the aligned 
downgoing waves, shows exact alignment regardless of how accurate the alignment of the 
filter input. For this reason, subtracting the filter output from input data that shows inac
curate alignment, does not result in perfect rejection of the downgoing waves. Instead, some 
remaining downgoing energy prevails.
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One-dimensional case

In order to do resampling of VSP data, reconstruction of the continuous\vaveform 
has to be done first. Shannon’s time-domain sampling theorem demands that this Çe done 
by sine interpolation in order to preserve the spectral content in the samples.

Sine interpolation is performed by convolving the original data sampled at At with the 
sine function 2fn sine 2 fn t , where fn is the Nyquist folding frequency, fn = 1/2 At, ( Ap
pendix A ).

The reconstructed continuous function is given by:
g(t) = [At L g(kAt) 5 (t-kAt) j * [ 2 fn sinc(2 fn t) ]

= Z g(kAt) [8 (t-kA t) * sinc(2 fn t) ]
= I g(k At) sinc(2 fn t - k)

where.
At is the sample interval.

g(kAt) is the value of the function at the sample point k A t,
* denotes convolution.

The previous equation states that a continuous function can be recovered by the 
summed multiplication of sine functions. Each sample point is replaced by a sine function 
of the same magnitude and the result of all sine functions is added. Each sine function con
tributes only to the point it is replacing and contributes nothing to all other points, (fig 2).

Once the recovered function has been determined, interpolation can take place at any 
sample interval that is desired. To test the method, a 60 Hz cosine wave sampled at 4 msec 
was used as the input, (fig. 3). The interpolated data sampled at 2 msec is shown in fig 4. 
There hardly can be seen any difference between the interpolated data and a continuous 
cosine wave sampled at 2 msec. The correlation coefficient between the interpolated data 
and the continuous one is 0.9991 .
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0.00 0 .02 0.04
T i m e  (sec.)

0.06 0.08 0.10

Figure 3 Input sampled data (At=4 msec.)
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Figure 4 Output using sine interpolation (At=2 msec.)
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The second example shows the input data (60 Hz cosine wave) sampled at 2 msec., 
(fig 5). The result of interpolation sampled at 1 msec., is shown in fig. 6.. The correlation 
coefficient between the interpolated data and a continuous one sampled at 1 msec is 0.9995

The third example shows the same input data that is "just" not aliased, (fig. 7 ) . The 
sampling interval of 8.33 msec, results in a Nyquist frequency of 60.024 Hz, which is slight
ly greater than the frequency of the continuous wave. Hence the sampling theorem is satis
fied and sine interpolation at 2 msec recovers the continuous wave, (fig. 8). The correlation 
coefficient between the interpolated data and a continuous waveform sampled at 2 msec is 
0.9161 .

Figure 9 shows the correlation coefficients between input data sampled at different 
sampling intervals and a continuous waveform sampled at 2 msec. The correlation coeffi
cients between the reconstructed waveforms using the different input data and a continuous 
one sampled at 2 msec is also shown. A close comparison between the two curves 
demonstrates the good performance of the interpolation algorithm using sine functions.

The fourth example shows the input data to be aliased, (fig. 10). The sample interval 
of 11.11 msec, results in a Nyquist frequency (fn) of 45 Hz. The interpolated data, sampled 
at 2 msec, has a frequency of 30 Hz which is indistinguishable from 60 Hz, fig. 11. The 
two frequencies 60 Hz (fn + 15) and 30 Hz (fn - 15) are ’aliases’ of each other. According 
to the sampling theory, the correct continuous waveform, in this particular case, cannot be 
obtained from the samples by sine (or any other) interpolation (Sengbush, 1983).

Two-dimensional case

VSP data is not recorded at all depth levels in a borehole. Washouts or uncemented 
casing maynot allow adequate geophone to formation coupling, so certain zones may have
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to be skipped. In such instances, interpolation of VSP data is performed along the space 
domain. Chun et al (1982) point out that interpolation of VSP data across skipped depth in
tervals is best achieved if the data is in a constant time increment form.

Conventional VSP data are recorded by placing the receiver at regular depth incre
ments which, due to velocity changes, yields a nonconstant time increment. Accordingly, 
the upgoing and downgoing waves appear on the display to travel in curved paths because of 
the nonlinear moveout, (fig. 12,a). One the other hand if the depth increments are chosen 
to be non-uniform such that there is a constant time increment between the first arrivals of 
the traces, then the upgoing and downgoing waves appear to travel in straight line paths instead 
of curved paths, (fig. 12,b) (Hardage, 1983).

A method is presented here to do inteipolation in the x-t domain without having the 
requirement of the constant time form. The technique is an extension of the sine interpola
tion algorithm to two-dimensions, (Appendix A ).

The reconstructed continuous function is given by:

g(t,x) = At Ax Z Z g(nAt,mAx) 8 (t-nAt) 8 (x-mAx) * 2fn sinc(2 fn t)
* 2kn sinc(2 kn x)

= Z Z g(nAt,mAx). sinc(2 fn t - n) . sinc(2 kn x - m)« m

where.
At is the sample interval along the time domain.
Ax is the sample interval along the space domain,

g(nAt ,mAx ) is the value of the function at the sample point (nAt ,mAx).

The reconstruction of the continuous function can be accomplished by replacing each
».

sample point with two sine functions of the same magnitude, one along the time-domain



T-3404 20

Figure 12,a Conventional VSP data with uniform-depth increment
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Figure 12,b VSP data with uniform time increment
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and the other is along the space-domain and then summing the set of all sine functions in 
the t-x space.

The two sine functions associated with the (a,b)th sample, g(aA t,b Ax) sinc(2 fn t - a) 
sine (2 kn x - b ) can be viewed as a one three-dimensional sine function that has value 
g(aAt,b Ax) at t = aAt and x = bAx , and is zero at all other sampling points (fig. 13).

Figure 14 shows a 60 HZ cosine wave running in the x-t space. The sample interval 
is 8 msec along the t-axis and 8 feet along the x-axis. The Nyquist frequency is 62.5 Hz 
while the Nyquist wavenumber is 62.5 cycles/foot. Applying the two-dimensional sine in
terpolation algorithm results in the data shown in fig. 15. The new sample interval is 2 
msec along the time axis and 2 feet along the space axis.

Another example shows a 70 Hz cosine wave. The sample interval is 8 msec along 
the time axis and 8 feet along the space axis, fig 16. Since the data is aliased, the interpo
lated data, sampled at 2 msec along the t-axis and 2 feet along the x-axis, has a frequency 
of 55 Hz. This frequency is indistinguishable from the 70 Hz continuous wave as far as the 
samples are concerned, fig. 17.

Time correcting using crosscorrelation

Some processing procedures of VSP are enhanced when a time shift is applied to the 
data. This is very essential when doing wavefield separation. Velocity filters to separate 
upgoing from downgoing waves are more effective when applied to data that has been time 
corrected to zero moveout The input to median filters must also line up events that are to 
be preserved.
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Figure 13 Three-dimensional sine function
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Crosscorrelation automates the visual procedure of lining up events, and does so with 
improved accuracy. In this procedure a pilot trace is developed by summing n adjacent time 
corrected traces which is then crosscorrelated with the next trace to determine its time shift. 
An n-trace pilot is maintained by adding this trace and deleting its far trace. This procedure 
continues until all traces are time corrected. It is an application of correlation detection, also 
called matched filtering, which is the well-known optimal procedure for detecting a known 
signal in white-noise contaminated data. Figure 18 & 19, shows the data before and after 
time correcting using the correlation method. The time shifts were determined from the 
crosscorrelation functions shown in fig 20.

The n-trace pilot so developed is an adaptive spatial moving-average trace that allows 
for downhole signal changes due to attenuation. An alternate formulation uses n/2 traces 
on each side of the trace to be time corrected. The procedure may be used either before or 
after deconvolution, as desired. If done after deconvolution, variation in the downhole sig
nal will be minimized and more accurate time corrections will be obtained.

A further refinement on developing the pilot may be achieved by use of the optimal 
stack (Foster et al, 1971), which is an iterative procedure in which each trace in the pilot is 
weighted by a factor that depends upon how well it correlates with the pilot.
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WAVEFIELD SEPARATION
One important part of the processing of VSP data is the separation of upgoing from 

the downgoing waves. There are many theoretical approaches to this problem. Most ap
proaches rely on the separation between the two wavetrains in either the time-depth (t-z) or 
frequency-wavenumber (f-k) domains. Other approaches rely on the separation between 
the two wavetrains in different domains such as intercept time-slowness (T-p). Each has its 
own problems either because of the assumptions inherited in the procedure itself or because 
of practical limitations imposed by the data during acquisition.

Delay and sum

This method is widely used in surface seismic data processing. It is a numerical pro
cedure that enhances upgoing waves while attenuating downgoing waves and is achieved 
by delaying each trace by its first break time and summing the set of time-shifted traces. 
The final result is a trace in which signals travelling in the direction of alignment are em
phasized while signals travelling in the other direction are attenuated. This is also known as 
vertical summation (Hardage, 1983) or upstacking (Anstey, 1980).

The method assumes the data to be processed has a linear moveout, i.e., reflectors are 
flat and horizontal. The known moveout of the signal is not taken advantage of. Time-in- 
variance of the signal is also assumed. The final result will contain not only primary reflec
tions, but all types of multiples travelling upward which are positioned to their proper 
two-way surface arrival times.

The applicability of the method is limited because the degree of enhancement or rejec
tion may not be sufficient to extract the desired signal. This is true when the number of 
traces being summed is small because the array itself has few channels or because the sig
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nal itself displays time variance.

Velocity filtering

Velocity filters have been widely used in surface seismic data to separate primary 
reflections from ground roll and other types of coherent noise (Embree et al., 1963; Wig
gins, 1965; Treitel et al, 1967; Sengbush and Foster, 1968,1972). Numerous papers have 
appeared recently that extend the already established filters to the VSP environment (Seeman 
and Horowicz, 1983; Suprajitno and Greenhalgh, 1985; Moon et al, 1986; Aminzadeh, 
1986).

The method starts with a 2-D Fourier transform of the data that enables events to be 
grouped according to their apparent phase velocities in the f-k domain. Applying a simple 
2-D pass-reject transfer function in this domain will enable the wavefield within the passband 
to be reconstructed through a 2-D inverse Fourier transform. This concept is shown in 
Figure 21.

The success of the method relies heavily on how well the events are segregated in the 
f-k domain which in turn is related to the sampling interval in the z-t plane. The construc
tion of the filter requires the VSP data to be recorded at uniform increments in both time 
and space. The requirement of spacing being equal is violated in many practical situations. 
Spatial mixing, also known as Rieber mixing, due to the Fourier transformation presents a 
problem to the interpreter because upgoing events may extend beyond their actual spatial 
termination depths.

Improvements to resolve the previous problems have been suggested. Gaiser et al 
(1984) suggest designing a filter with a narrow rejectband for the undesired wavetype in
stead of a narrow passband for the desired wave to reduce the spatial or Rieber mixing. 
Problems of unequal spacing may be resolved by interpolation. Seeman and Horowicz
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(1983) propose a method in which no constraint is imposed on the spacing between record
ing levels.

A new approach to velocity filtering is developed here. The filter operates in t-z space 
on data that has been time corrected to line up the events that are to be either passed or 
rejected. The advantage of t-z filters over f-k filters is that the filtering is localized to a fixed 
number of traces rather than applied to the entire data set, and waveform changes over the 
data set are less disturbed.

The filter is more effective when applied to data in which the downgoing waves have 
been time corrected to zero moveout. The amplitude of the Fourier transform of the downgo
ing wave in this data set is sharply focused along the frequency axis in the f-k plane. This 
concept is illustrated in figs. 22,a & 22,b.

Chun and Stone, (1982) point out that data with such focused transform is amenable 
to 2-D time domain filtering. Their method of focusing is to map the depth increment VSP 
to a constant time increment VSP using interpolation. This is more difficult and expensive 
to do than the easy to perform time-shift method.

Separating waves by velocity pass and reject filters is based on the following 
dichotomy: waves that are desired are signal while everything else is noise, so signal is 
passed by time correcting it for moveout and applying velocity pass filters that are centered 
about zero moveout, and coherent noise is rejected by time correcting it for moveout and 
applying velocity reject filters that are centered about zero moveout.

This principle is used to pass signal (upgoing P-waves) and reject noise (downgoing 
P-waves and tube waves). It may also be used to separate P and S waves. If one is trying 
to observe upgoing S-waves, whether they come from a shear source or are P-S converted 
waves, the upgoing S-waves are signal to be pased and upgoing P-waves are noise to be
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rejected, so either line up S-waves and pass them or line up P-waves and reject them, 
whichever is easier to do. It is usually easier to line up the stronger event, so if coherent 
noise is stronger, it is more easily time corrected and rejected; if signal is stronger, it is more 
easily time corrected and passed.

If spatial mixing is severe, then it may be necessary to use a narrow rejectband for the 
time corrected noise regardless of the strength of the signal. If there exist more than two 
events, then narrow rejectband filters may have to be applied more than once.

Skipped depth intervals because of washouts or uncemented casing may be resolved 
by interpolating the data using sine interpolation. The interpolated traces may be removed 
after filtering, and only the real traces retained.

Downgoing P-waves are separated from upgoing waves by correcting the data for up- 
going P-wave moveout and applying a velocity filter with reject band ± Vu, where Yu is 
a design parameter selected for optimal supression of upgoing waves, to get the purest 
downgoing P-waves. This set will include the direct P-wave and all downward-travelling 
multiples and is used to calculate the Wiener-Levinson spiking deconvolution operator.

Processing to separate the upgoing P-waves from the downgoing waves is achieved 
by correcting for downgoing P-wave moveout and applying a velocity filter whose reject 
band is between ± Vd, where the cutoff velocity is a design parameter selected for optimal 
supression of the downgoing waves.

After applying the velocity filter, the moveout corrections may be restored so that the 
upgoing P-waves are in their true position or they may be corrected to surface time for sur
face data correlation purposes. The upgoing P-waves in this set include the primary reflec
tions and all up ward-travelling multiples.
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MEDIAN FILTERING
Introduction

The basic concept of a linear filter is the separation of signals based on their nonover
lapping frequencies, although other bases such as wavelength or moveout can be used.

In many signal processing applications, such linear filter routines fail to provide ade
quate smoothing for data which show both local roughness and sharp edges. Figure 23,a 
shows a slowly varying waveform that has been corrupted by a high frequency component. 
A linear smoother (low-pass filter) would filter out the noise. In fig. 23,b, there is a noise 
component superimposed on a signal, that displays sharp discontinuities. Such discon
tinuities contain high frequency energy that are indistinguishable from the noisy component 
as far as their spectral content is concerned. A linear smoother would smear out the sharp 
edges in addition to filtering out the noise. This smearing of the data might not be accept
able.

A need arises for a nonlinear smoother capable of preserving signal edges while fil
tering out impulses. The candidate suggested by J. W. Tukey (1977) uses running medians. 
In his model, the signal x(n) is composed of two components; 

x(n) = S[x(n)] + R[x(n)]

where S[x(n)] is the smooth part and R[x(n)] is the rough part.

Running medians extract the smooth part S[x(n)] from the signal. Since they are non
linear, they have been referred to as nonlinear smoothers rather than nonlinear filters. 
However we use the term filter based on the definition given in SEG dictionary (Sheriff, 
1984). By the same token, we refer to the rough part of the signal as the high frequency 
component and the smooth part as the low frequency component.
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a.

Figure 23 Two types of noisy data to be smoothed
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A median filter of length 2N+1 works by replacing each point in a signal by the median 
value in a 2N+1 point window that moves across this signal. A detailed discussion follows 
in the next section.

A noise-free input sequence similar to the one used by Rabiner et al., (1975) is shown 
in fig. 24. Figure 25 shows the input sequence corrupted by a zero-mean white gaussian 
noise. The application of a linear spectral smoother is shown in fig. 26. The smearing effect 
at each discontinuity is clearly evident in this figure. Applying a median filter preserves the 
step functions in the input sequence represented by the abrupt discontinuities, (fig. 27).

Increasing the length of the median filter attenuates the noise better and preserves the 
signal with its sharp edges, (fig. 28). Further increase in the length of the filter results in the 
output shown in fig. 29 (superimposed on the original input). The rms error between the 
original input and the noise-corrupted data is 0.035 while the rms eirors between the original 
input and the first, second and third filtered outputs are 0.022, .020 and 0.019 respectively.

The use of median filters in seismic data processing has been limited and their 
capabilities were viewed as that of data despikers. Bednar, J. (1983) discusses their applica
tion to resolve processing problems specially those associated with deconvolution and pulse 
estimation.

Procedures

The implementation of the filter requires a very simple digital nonlinear operation. 
For a signal of length L, we slide a window of length 2N+1 across this signal. The filtered 
output of the time sample at the center of the window is the median of these 2N+1 signal 
samples, (Gallagher and Wise, 1981).
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As an example, consider the time sequence shown in fig. 30, where L=16 and N=2. 
To account for the start and end effects, N samples are appended at the start and at the end 
of the sequence. J. Tukey (1977) discusses other ways of treating the start-up problem. The 
filtered output illustrates that the high frequency components (impulses in the sequence) are 
attenuated, while the low frequency part is passed, for this is the reason, they are called 
despikers.

This filtering concept can be extended to two dimensional data. Figure 31 shows an 
input data displaying three anomalies. The event in the foreground has low frequency charac
teristics along the x-direction, while the event in the background displays a low frequency 
character along the t-direction. The event in the middle has a low frequency character along 
both directions. Applying a median filter of length 3 along the x-direction results in the out
put shown in fig. 32. The anomaly in the background has been removed because as the fil
ter crosses it in the x-direction, it is seen as a high frequency anomaly and therefore is 
attenuated.

Applying the filter along the t-direction results in the attenuation of the event in the 
foreground because it is seen by the filter as a high frequency anomaly as it crosses it along 
the t-direction (fig. 33). When the filter is applied along both directions, the two events in 
the fore and background are attenuated while the one in the middle is preserved (fig. 34).

The following general properties of median filtering are noted:

1. The linearity property of superposition does not hold, i.e..

median [ xl(n) + x2(n) ] # median [xl(n)] + median [x2(n)]
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Figure 31 Input data for median filtering
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Figure 32 Median-filtered output (N=l), Filter is along x-axis
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Figure 33 Median-filtered output (N=l), Filter is along t-axis
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Figure 34 Median-filtered output (N=l), Filter is along both axes
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Figure 35 shows the input sequence xl(n) with its median output. The input sequence 

x2(n) with its median output is shown in fig. 36. Figure 37 a shows the sum of the two se
quences [ xl(n) + x2(n) ] with their median output. The sum of the two medians [median 

xl(n) + median x2(n) ] is shown in fig. 38.. Clearly the median output of fig. 37 is different 
from that of fig. 38.

2. The homogeneity property does hold, i.e., 
median [ a x(n) ] = a median [ x(n) ] ;
where a is a constant.

This property is obvious to realize since what matters when doing median search is 
the relative magnitudes of the samples which will not be affected by the multiplication with 

a constant.

3. The representation of the filter output as a linear combination of filter coefficients 

convolved with the input sequence is not valid. The filtering action cannot be represented by 
convolution in the time-domain, and the convolution integral:

t
o(t) = J g(x) i(t-T ) dr,0

which mathematically describes filtering does not hold. Each filter behaves differently fo r 

each new input sequence.

4. Median filters do not have a true transfer function. The filter output cannot be 
described as a multiplication of the input frequency spectrum with the filter spectrum. 
However, by comparing the spectra of the output and input sequences, the transfer behavior 
of the filter can be estimated.
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For a given signal, the amplitude spectrum of the high frequency components whose 
corresponding periods in time are less than the length of the median filter, is reduced con
siderably after filtering. The filter passband decreases as the filter length increases.

A signal with a single frequency (10 Hz cosine wave) is shown in fig. 39 along with 
its filtered output. The amplitude spectrum of the signal before and after median filtering 
is shown in fig. 40.

5. While filtering out high frequency components, they preserve sharp edges in the 
signal (fig. 41). This makes them very useful for filtering square-wave data.

6. They have the property of completely rejecting spikes. This is because a spike, 
which is greatly different from that of its neighboring points, will always occur at the ex
treme end of the median output and therefore can never be the median value. This proper
ty can be used to edit spiky data.

To illustrate this idea, a reflectivity series is generated, fig. 42. A single frequency 
(59 Hz) waveform representing source signature (fig. 43), is convolved with the reflectivity 
to generate the data shown in fig. 44. A set of noise spikes is superimposed on this data and 
the result is shown in fig. 45. Applying a median filter of length 5, results in the output 
shown in fig. 46. The amplitude of the noise spikes is effectively reduced while the signal 
is preserved.

The correlation coefficient between the original data (fig. 44) and the noisy version 
(fig. 45), is 0.683 . After median filtering, the correlation coefficient between the original 
data and the filtered output (fig. 46), is 0.974 .

Increasing the length of the median filter to 9, results in the output shown in fig. 47. 
The correlation coefficient between the original data and this output is 0.968 . A greater
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Filter Output

Figure 41 Filter preserving of sharp edges
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reduction in the amplitude of the spikes is seen in this output but the signal waveform is not  

well-preserved. The passband of the filter has become so narrow that some of the s i g n a l  

spectrum is lost. In this particular case, the length of the filter is a tradeoff between s e n 

sitivity ( preserving signal ) and reliability ( eliminating noise ).

7. The order in which the filtering operation is applied is critical. If i is an input 
sequence; g is some filter process and o is the output then the following action:

median filter

is different from :

median filter

So it is important to note the stage in the processing procedure at which the filtering 
is done.

8. The only parameter involved in designing the filter is its length 2N+1; which is an  

odd number. However, if we choose the length to be even, then the median can be defined 
as the mean of the two middle terms of the monotonically increasing sequence.

9. The median output is very much affected by the length of the filter. Increasing the 
length results in a narrower passband. This will be illustrated in the coming test examples.

Properties 6, 8 and 9 are the most important features as far as VSP application is con
cerned.

ARTHUR LAKES LIBRARY 
COLORADO SCHOOL of MINES 

GOLDEN. COLORADO 80401
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Applications

Initial uses of median filters were in the areas of speech and image processing (Rabiner 
et al., 1975; Frieden, 1976). Computer programs to construct median filters are described 
by Huang et al., 1979 and Evans, 1981.

The application of median filters to seismic data processing is thought to be limited 
and is not treated well in the literature. We develop a method that was suggested by Har- 
dage (1983) to use median filters as a wavefield separation tool in VSP data. The method 
is tested on synthetic as well as real examples. It is also compared to conventional velocity 
filters in terms of assumptions and performance. We also introduce some uses of the filter 
in the field of surface seismic data.

The key point in using them as a wavefield separation technique is to apply them in 
the depth direction along constant time-lines across several VSP traces.

If the downgoing waves are to be preserved, then the data has to be time corrected to 
vertically align the downgoing waves. Application of the median filter along constant time
lines will achieve two things:

1. Severly attenuates all upgoing modes travelling obliquely.
2. Smooths and preserves the aligned downgoing modes.

Figure 48,a shows a set of VSP traces with the downgoing waves aligned. An 
amplitude versus depth plot along one of the constant time-lines to which a median filter is 
applied is shown in fig. 48,b. Any upgoing event will appear on the amplitude vs. depth 
plot as a high frequency anomaly. The application of a median filter will attenuate those 
high frequency components represented by the upgoing waves on the amplitude versus depth 
plot. The filtered output of (b) is shown in fig. 48,c. It should be noted that the length of
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the median filter should be long enough to completely contain the unwanted high frequen
cy anomaly.

For the aligned downgoing waves, equal phase points will have approximately the 
same amplitude so there will be no anomaly on the amplitude versus depth plot. The fil
tered output is the same as the input and the aligned downgoing waves are preserved.

This set of the aligned downgoing waves include the first arrival plus all multiples 
travelling downward. If the upgoing waves are the desired mode, then the filtered output 
can be subtracted trace by trace from the original set (the filter input) leaving only waves 
travelling upward. This concept is illustrated in fig. 49.
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C.

a: Original d ata  s e t
b: Time corrected  data
c: Output of m edian  filtering
d: R esult of su b tractin g  data s e t  c from  b
e: Data s e t  d a fter  tim e sh ift

Figure 49 Median filtering of VSP data
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Test examples

Figure 50 shows a VSP model of a nodipping reflector. The synthetic response 
is shown in fig. 51 and the parameters involved in generating the model are displayed in 
Table 1. An f-k analysis of the synthetic data is shown in fig. 52 . The downward travell
ing energy lies in the right-quadrant of the f-k plane, while the upward travelling energy lies 
in the left- quadrant

Figure 53 shows the same data with the first arrival aligned. Applying a median fil
ter of length 7 results in the output shown in fig.54. The upgoing energy has been severe
ly attenuated while the aligned downgoing energy is preserved. Subtracting the filtered 
output from the aligned data leaves only the upgoing energy. Figure 55 shows the upgoing 
energy in their original position after applying the proper time shift. An f-k analysis of this 
data set shows only the upgoing energy lying in the left quadrant and no downgoing ener
gy, fig. 56.

Median filtering works quite effectively with real data also. Figure 57 shows a real 
VSP data set that was acquired by the USGS. Other than a few noisy traces at the top of the 
set plus one in the middle, the data is fairly good.

A strong first arrival as well as some upgoing reflections are observed. A tube wave 
can also be noticed as a downgoing energy with a lower velocity.

The data set was then time corrected to zero moveout to align the downgoing events, 
fig. 58. A median filter was run and the filtered output is shown in fig. 59. The f-k spectrum 
of this output shows the presence of only the aligned downgoing energy along the frequen
cy axis. The upgoing energy has been attenuated considerably and does not show up on the 
f-k plot, (fig. 60).
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= 1500'

R=4000'

Y = 8000'

V = 80007sec

Figure 50 VSP model of a nondipping reflector

SOURCE OFFSET (X)
MINIMUM RECEIVER DEPTH (R) 
RECEIVER DEPTH INCREMENT 
DEPTH OF REFLECTOR AT WELL (Y) 
DIP OF REFLECTOR 
VELOCITY ABOVE REFLECTOR 
TRACE LENGTH

= 1500' 
= 4000' 

=  200' 

= 8000' 
= a

= 80007sec 
= 2.0 sec

SAMPLE INTERVAL 
SOURCE SIGNATURE

= .002 sec 
= 75 msec, zero-phase 

Ricker Wavelet

Table 1 Parameters to generate the model shown in fig. 50
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FREQUENCY
( h e r t z )

3 0

20

10

-NYQUIST

FK SPECTRUM OF INPUT DATA

WAVE NUMBER NYQUIST

Figure 52 F-K spectrum of the data shown in fig. 51
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FREQUENCY
( h e r t z )

3 0
FK SPECTRUM OF FILTERED OUTPUT

20

10

-NYQUIST WAVE NUMBER

Figure 56 F-K spectrum of the data shown in fig. 55
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■ŷ <y  #i* ni

h- 4 ( " A#f
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Median filtering has been very effective in attenuating upgoing waves travelling obli
quely while preserving the aligned downgoing waves.

Subtracting the filtered output from the original aligned data leaves only the upgoing 
events shown in fig. 61. An f-k spectrum of these upgoining events is shown in fig. 62.

Figure 63 shows the upgoing reflections in their original position. Another shift is 
applied so that the upgoing reflections are now aligned, fig. 64. The tube wave on the 
original data is evident on this set as well as on its f-k spectrum, fig. 65. The velocity of the 
tube wave observed on the f-k plot corresponds to the moveout observed on the x-t space. 
The f-k spectrum shows the upgoing reflections aligned around the frequency axis because 
of their alignment along the space axis in the x-t domain.

Since the tube wave occupies the same frequency bandwidth as the upgoing events, 
frequency filtering to attenuate the tube waves can not be used. Any attempt to filter them 
out using a band-reject frequency filter would take off some of the upgoing reflections, too.

The use of median filters offers another alternative for removing these unwanted 
modes of energy without affecting the desired mode of energy. To do this, the data of fig. 
64 was shifted to align the tube waves. A median filter was then run and the output was 
subtracted from the input to the filter.

The result shown in fig. 66, after applying the proper time shift, contains only upgo
ing reflections. The tube waves have been attenuated severely. This is also demonstrated 
in the f-k plane which shows only the aligned upgoing reflections, fig. 67.

A close comparison between fig. 64 and fig. 66 indicates the good performance of. 
median filtering in attenuating tube waves. The same comparison can be done for the two
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data sets in their f-k domains shown in fig. 65 and fig. 67.

Comparisons with conventional velocity filters

The following test examples demonstrate the performance of median filtering com
pared to standard f-k filtering techniques.

A synthetic VSP is generated for a three-layer model over a half-space (fig. 68). The 
velocity model is shown in fig. 69 and the parameters involved are displayed in Table 2. 
The model contains only direct downgoing wave and primary up going reflections and no 
multiples are shown. The objective is to remove the first arrival while preserving upgoing 
reflections. Before applying any median filtering, the data is time corrected to line up the 
first arrival (fig. 70). The first arrival in this set is not well aligned because of the bulky way 
in which the shift is performed, so another shift is applied to accurately align the first arrival 
( fig. 71). This will facilitate the application of a median filter to estimate the first arrival.

Applying a median filter of length 17 to this data set (fig. 71) and subtracting the out
put from the input to the filter results in the data shown in fig. 72. Figure 73shows the up- 
going reflections in their original position after applying the proper time shift. The first 
arrival has been attenuated severely.

Figure 74 shows the result of f-k filtering of the same model of fig. 69 but with mul
tiples added to it, ( a copy from Moon et al., 1986, fig. 8). The first arrival of the second 
layer is satisfactorily attenuated except for the bottom few traces. For the first and third 
layer, the first arrival is not attenuated. Instead, they appear as a distorted wavetrain because 
of velocity aliasing as a result of coarse depth sampling interval.
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VELOCITY (km/sec)
3.70 4.85 6.00

Depth

Figure 69 Three-layer velocity model over a half space

SOURCE OF OFFSET = 1500'

VELOCITY OF 1st LAYER = 3976 m/s
VELOCITY OF 2nd LAYER = 5494 m/s
VELOCITY OF 3rd LAYER = 3700 m/s
VELOCITY OF 4th LAYER = 6000 m/s

NO. OF RECORDING LEVELS FOR:
1st LAYER = 8
2nd LAYER = 8 
3rd LAYER = 12

SAMPLE RATE = 2 msec.

SOURCE SIGNATURE: 11 msec zero-phase
Ricker Wavelet

Table 2 Parameters to generate the model shown in fig. 68
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0.1

0.2

0 .3

0 .4
D ep th

Figure 70 Synthetic response with downgoing wave not well aligned
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0.1

0.2

0 .3

0 .4
D ep th  ^

Figure 71 Synthetic response with downgoing wave aligned (Input to median filter)



T-3404 91

0.1

0.2

0 .3

0 .4
D e p th  -

Figure 72 Upgoing waves: result of subtracting the output from 
the input to the median filter
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0.1

0 .3

0 .4
D ep th  -

Figure 73 Upgoing waves in their original position
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Time (s)

Figure 74 Upgoing waves using f-k filtering, (fig. 8 of Moon et al., 1986)
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This problem of aliasing due to insufficient sampling in depth is avoided when using 
median filters. The high rejection rate of the filter also gives the filtered data a wavy look 
which can be suppressed to some extent by applying an edge smoothing window in the f-k 
plane (Christie et al., 1983).

The result of applying a Radon transform method, which operates in the T-p plane, is 
shown in fig. 75, ( a copy from Moon et al., 1983, fig. 9(a) ). Though the quality of the up- 
going reflections is much improved, some amount of the first arrival energy is still present.

Another synthetic VSP is generated for a three-layer model over a half space (fig. 76). 
The depth sampling interval in this case is irregular. Table 3 shows the parameters involved 
in generating the model. The data is first time corrected to line up the first arrival. Apply
ing a median filter of length 17 to the aligned data and subtracting the filtered output from 
the input results in the data shown in fig. 77.

Except for the first two traces, the first arrival has been attenuated considerably. Ap
plying the proper time shift; the upgoing reflections are now displayed in their original posi
tion (fig. 78). Median filtering has been very effective in attenuating the first arrival without 
altering upgoing reflections for this data set that is irregularly sampled in depth.

The result of applying a conventional velocity filter is shown in fig. 79, ( a copy from 
Seeman and Horowicz, 1983, fig. 10). The first arrival is not completely attenuated and the 
upgoing reflections are not well retained. The result of applying an optimal velocity filter 
which imposes no constraints on the spacing between the recording levels is shown in fig. 
80, (Seeman and Horowicz, 1983, fig. 11). In this figure each upgoing event seems to 
originate 5 or 6 depth levels below its corresponding impedance contrast. To properly posi
tion upgoing reflections, Seeman and Horowicz state that the reflection and transmission ef
fects of the variations in the impedance have to be known, which is never true in a real
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H i i i i J 1 *
0 .0 0  0 .0 6  0 .1 2  0 .1 8  0.2«* 0 .30  0 .36  O.46
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Figure 75 Upgoing waves using Radon transform, (fig.9,a of Moon et al., 1986)
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0.1

0.2

0.3

0.5
D epth

Figure 76 Synthetic VSP response of a three-layer model
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FIRST-LAYER VELOCITY 1165 m/sec
DEPTH SAMPLING INTERVAL = 5 m

SECOND-LAYER VELOCITY 662.1 m/sec
DEPTH SAMPLING INTERVAL = 4 m

THIRD-LAYER VELOCITY 1299 m/sec
DEPTH SAMPLING INTERVAL = 6 m

FOURTH-LAYER VELOCITY 1009 m/sec
DEPTH SAMPLING INTERVAL = 

NO. OF RECORDING LEVELS FOR:

6.5 m

1st LAYER = 3
2nd LAYER = 9
3rd LAYER =S 14
4th LAYER = 5

SOURCE SIGNATURE = 33.3 Hz zero-phase 
Ricker Wavelet

Table 3 Parameters to generate the model shown in fig. 76
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0.1

Ï0 .2

0.3

0.4

.IJ 0.5
D ep th

Figure 77 Upgoing waves: result of subtracting the output from 
the input to the median filter
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0.3

0.4

0.5
D epth

Figure 78 Upgoing waves in their original position
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ACOUSTIC IMPEDANCE

UJ

-- - j
m

IOOOTIME (MS)

Figure 79 Upgoing waves using velocity filtering (fig. 10 of Seeman et al.» 1983)

ACOUSTIC IMPEDANCE

TIME (MS) 1000

Figure 80 Upgoing waves using optimal velocity filtering 
(fig. 11 of Seeman et al.» 1983)
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situation.

The previous method is also unstable for some frequencies where spectral singularities 
are experienced. According to Stainsby and Worthington, 1986, for frequencies f = k/2At, 
k=0,l,2,.... where At is the sampling interval, the denominator of the solution equations of 
Seeman and Horowicz is zero. For this reason, the method is only applicable over a pass band 
which reflects the useful frequency band of the signal. Suggestions to overcome this 
problem have been given by Stainsby and Worthington, 1986 and Aminzadeh, 1986.

Assumptions

The only parameter involved in designing a median filter is its length, which is decided 
by the data itself and it can seriously affect the performance of the filter.

Other than choosing a suitable length for the median filter, there are practically no 
restrictions imposed by the data on the application of median filtering. Equal spacing of the 
recording levels is not required and the data does not have to show symmetrical moveout of 
upgoing and downgoing wave trains.

The filter can also handle source waveform variation, so time-invariance of the source 
signature is not required. The anomaly in the amplitude versus depth plot along an aligned 
downgoing wave generated using a time-variant source pulse is that of a low frequency 
characteristic, so it will be passed. The reason for the anomaly to have a low frequency 
character is that the earth filtering is slowly time variant.
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Figure 81,a shows a synthetic VSP data created with a time variant pulse that has a 
peak spectrum around 26.5 Hz near the surface and a peak spectrum of 14 Hz at the lowest 
reflection. The first arrival has been time corrected to zero moveout. Application of a median 
filter of length 7 results in the output shown in fig. 81 ,b. The filtered output shows the good 
performance of the median filter in attenuating the upgoing waves and preserving the time- 
variant first arrival.

One instance in which the performance of median filters will be degraded is in the 
presence of closely spaced condensed upgoing reflections as a result of too many multiples 
or a long reverberation tail. In such cases the filter may have to be applied more than once 
until no more anomalies are present on the amplitude versus depth plot. The problem with 
this iterative procedure is that eventually a median-invariant output will be produced that is 
not affected by further filtering. In such instances, the choice of the startup and end ele
ments to be appended at the beginning and end of the input, is critical.

This idea is illustrated in fig. 82. Appending a value equal to the final value of the 
original trace at the end of the input sequence, results in an undesired output. Upgoing events 
are not attenuated. On the other hand, appending zero value at the end of the input sequence 
results in a complete attenuation of the upgoing events.

A similar problem is that in which the upgoing reflections have a steep moveout ( tau 
< <T ; where tau is the moveout and T is the source dominant period ). In such cases the 
upgoing energy may show some phase alignment thus giving rise to a low frequency anoma
ly on the amplitude versus depth plot, that will be passed instead of being attenuated.

To overcome the previous problem, we suggest the following to be done:
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0.5a.

1.0

0.5

1.0

1.5

Figure 81 Synthetic data created with a time-varriant 
pulse and median filtered output
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Figure 82 Interative filtering and end-effects (continued on page 105)
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Amplitude Amplitude

After Three 
Filter-Passes

Depth X Depth X

Amplitude

After Four 
Filter-Passes

Amplitude 
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(continued from page 104) Figure 82 Interative filtering and end-effects
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1. Increase the length of the filter to completely contain the undesired anomaly. This 

is illustrated in fig. 83.

2. Insert dead traces between consecutive traces. These dead traces should be limited 
to the problem region in which the upgoing energy shows low frequency anomaly on the 
amplitude vs. depth plot. If the dead traces extend into the region of the aligned downgo
ing energy then their filter estimate will not be preserved. This idea is illustrated in fig. 84.

To test the above solutions, synthetic data containing the previous problem was used. 
A VSP model of a 45° dipping reflector is generated, fig. 85. The synthetic data is shown 
in fig. 86 and the parameters involved are shown in Table 4.

The aligned version shown in fig. 87 displays an upgoing energy with a steep moveout. 
The moveout/trace is 10 ms while the dominant period of the source is 75 ms. Application 
of a median filter of length 7 results in the output shown in fig. 88. The aligned downgoing 
waves are preserved but some of the upgoing energy is not completely attenuated. Increas
ing the length of the filter to 13 produces a better attenuation of the upgoing energy (fig. 
89). Increasing the length to 21 produces an even better result (fig. 90). The passband of 
the median filter gets narrower as the filter length increases.

To simulate the dead trace technique, alternate traces in fig.87 are muted through the 
problem region. The result of applying a median filter of length 7 to the same model with 
the dead trace technique is shown in fig. 91 In real data sets, one would add dead traces that 
can be removed after the filter is applied.

Referring to the previous problem, the frequency character of the data has to be con
sidered in conjunction with the moveout. This is because a steep moveout is determined not 
only by the moveout/trace (tau), but by the ratio tau/T, where T is the dominant period. If 
this ratio is much smaller than one, then the moveout is considered to be steep. A high ffe-
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Input

Amplitude
— Output of Med in Filter (N=2)

— Output (N=3)

•x— Output (N=5)

Output (N=7)

Trace No.

Figure 83 Effect of increasing the filter length on the output

ARTHUR LAKES LIBRARY 
COLORADO SCHOOL of MINES 
GOLDEN, COLORADO 80401
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Amplitude Amplitude

Depth Depth

Problem
Region

Without 
Dead Traces

With 
Dead Traces

The dead-traces technique makes the low-frequency anomaly on the 
amplitude vs. depth plot, that of a high frequency components. 
Hence, the anomaly will be attenuated by the application of a median 
filter without the need to increase the length of the filter.

Figure 84 Dead-trace technique
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Figure 85

= 1500'

Y = 8000'

V = 80007sec

VSP model of a 45 dipping reflector

SOURCE OFFSET (X)
MINIMUM RECEIVER DEPTH (R)

= 1500' 
= 4000'

RECEIVER DEPTH INCREMENT 
DEPTH OF REFLECTOR AT WELL 
DIP OF REFLECTOR 
SOURCE LOCATION 
SAMPLE INTERVAL 
SOURCE SIGNATURE

=  200 '

= 8000' 
=  4 5  

= UPDIP 
= .002 sec 

= 75 msec, zero-phase 
Ricker Wavelet

Table 4 Parameters to generate the model shown in fig. 85
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quency source wavelet with a small moveout may not cause the same problem as that of a 
low frequency wavelet with the same moveout.

Figure 92,a & 92,b show two upgoing events having two different frequencies but 
with the same moveout. The anomaly on the amplitude versus depth plot of fig. 92,a is that 
of a low frequency characteristic and therefore requires a median filter of length greater than 
that applied to fig. 92,b.

The same synthetic data shown in fig. 86 was generated with a higher frequency 
wavelet of length 40 ms (fig. 93). The aligned version is shown in fig. 94. The result of ap
plying a median filter of length 7 is shown in fig. 95. The steep moveout problem is not as 
bad with the 40 msec wavelet as it was with the length 75 msec wavelet in fig 88.

Further uses

In general, stepout information of other types of wavefields (eg., tube waves, shear 
waves, groundroll, etc.) may be separated using median filtering.

Figure 96 shows a synthetic model of a tube wave generated at the surface. The 
parameters involved in generating the model are shown in Table 5. The objective is to 
separate the tube wave energy, but there are three problems present in this particular data 
set.

The first problem is that the tube wave occupies the same frequency range as that of 
the downgoing wave, so frequency filtering cannot be used. The second problem arises at 
low frequencies where the spectrum of the tube wave is difficult to separate from the 
spectrum of the downgoing wave. Velocity filtering may experience some problems at these 
low ranges of frequencies.
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aznpl.axnpl. ampl.ampl.

High Frequency WaveletLow-Frequency Wavelet

Figure 92 Effect of the frequency character of the data on the length 
of the median filter
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SOURCE OFFSET = 1500'
MINIMUM RECEIVE DEPTH = 4000'
RECEIVER DEPTH INCREMENT = 200'
DEPTH OF THE TUBE-WAVE ORIGIN — O'
DOWNGOING WAVE VELOCITY — SOOO'/sec
TUBE-WAVE VELOCITY 50007sec
TRACE LENGHT = 2 sec
SAMPLE INTERVAL = 2 msec.
NO. OF RECORDING LEVELS = 21
SOURCE SIGNATURE = 75 msec 

zero-phase 
Ricker Wavelet

Table 5 Parameters to generate the model shown in fig. 96
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The third and the most serious problem is the spatial aliasing of the tube wave. This 
is because the moveout/trace for the tube wave (tau=40 ms) is greater than half the source 
dominant period (T/2= 37.5 ms). It is also clearly demonstrated in the f-k domain (fig. 97 ). 
The higher frequency components of the tube wave ’wraps round’ into the lower wavenum- 
bers and disturb those of the upgoing energy.

Unless the trace spacing is increased (which is practically difficult after the acquisi
tion is complete), the aliased portion of the tube wave would still remain after velocity fil
tering (Ziolkowski, 1979).

The result of applying a median filter of length 15 is shown in fig. 98 . The tube wax v 
energy has been severely attenuated. This can also be seen in the f-k domain (fig. 99). The 
aliased portion of the tube wave is also absent and the upgoing energy is well retained without 
alteration.

Another example in which median filtering can be used is shown in figure l()(),a which 
is data from a shallow seismic profile. The acquisition parameters are shown in Table 6.. A 
strong air wave is evident in the record and presents a problem to the processor.

Application of a low-pass filter results in the output shown in fig. 10(),b. The air wave 
is poorly suppressed and some of the other events have been affected by the filtering spe
cially those between 0.175 and 0.225 sec, where some events show up that were not present 
in the original set. This is confirmed by comparing the amplitude spectrum of the original 
data with that of the filtered output (fig. 101,a & 101,b). The spectrum in the pass region 
has been modified.

A time-domain median filter of length 15 is applied along each trace. The input (fig. 
102,a) and the filtered output (fig. 102,b) shows good suppression of the air wave while retain
ing the other events. An f-k analysis of the data before and after median filtering (fig. 103 
& fig. 104) demonstrates the good performance of the filter in attenuating the high frequen
cy air wave.
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F R E Q U E N C Y
( h e r t z )

30

FK S P E C T R U M  
O F  TUBE WAVE MODEL

20

1 0

ALIASED 
TUBE WAVE

TUBE WAVE

- N Y O U I S T WAVE NUMBER N Y O U I S T

Figure 97 F-K spectrum of the data shown in fig. 96
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F R E Q U E N C Y
( h e r t z )

30

FK S P E C T R U M  

OF  F I L T E R E D  O U T P U T

20

10

- N Y O U I S T WA V E  NUMBER N Y O U I S T

Figure 99 F-K spectrum of the data shown in fig. 98
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Instrument:

Parameters:

Display:

Source:

Receiver:

Spread:

ES-2420 (9 Track)

Sample Rate: 
Record Length:

Mode:
Format:

Type:
Pattern:

Type:
Pattern:
Inline Spacing:

No. Of Groups: 
Group Interval: 
Shotpoint Interval: 
Offset Group: 
Fold:

0.25 msec. 
0.5 sec.

AGC
SEGD

Hammer 
9 Hits/Loc.

Vertical - lOOhz 
Single 
5 ft.

24
5 ft.
10 ft. 
125 ft.
6

Table 6 Parameters to generate the model shown in fig. 100
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HOT POINT 16 SHOT POINT 16

Figure 100,a Shallow seismic profile Figure 100,b Filtered output
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Figure 101,b

Figure 101,a Amplitude spectrum of filtered output

AMPLITUDE SPECTRUM08

-1 2

-2 4

•36

•48

•60

siior poitirs i#

AMPLITUDE SPECTRUM

P  ( H Z )

k ie imcciu

r
I \f

i/V A A r
DB 400 FI HZ J

Amplitude spectrum of trace 12 of the shallow seismic profile
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INPUT OUTPUT

Time domain 0.1
median filtering

0 . 2- -

a.
Figure 102,a Input to median filter Figure 102,b Median-filtered output (N=7)
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SIGNATURE DECONVOLUTION

Introduction

Deconvolution of upward-travelling waves using the observed downgoing wave is 
another essential step in the processing procedure of VSP data. Effective deconvolution 
operators for surface seismic data can also be determined from the downgoing wave recorded 
in a VSP.

An advantage of using the downgoing wave to deconvolve surface data is that the 
operators are calculated from a source waveform that has undergone less filtering effects 
and has a greater signal strength than those waveforms recorded on surface data ( i.e., up- 
going reflections ).

The direct pulse that creates the VSP data is measurable, so standard procedures use 
signature deconvolution rather than statistical deconvolution.

Wiener-Levinson spiking deconvolution without additive white noise produces the 
optimal finite-length inverse of the minimum-phase version of the direct pulse. It is optimal 
with respect to Wiener’s least mean-square criterion. Sengbush and Hu, (1986) call this 
procedure the Wiener transform which is defined for any stable function y by W(y) = y !

Phase distortion and compensation

The minimum-phase assumption of Wiener-Levinson deconvolution is violated when 
using some seismic sources such as those that achieve pulse compression by correlation.
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The result of W-L deconvolution is an undesirable phase distortion.

A synthetic VSP data was generated for a one-layer model over a half-space (fig. 105), 
using a minimum phase source wavelet. The modeled data is shown in fig. 106 and the 
parameters involved are displayed in Table 7. Deconvolving the data using statistical W-L 
spiking deconvolution results in an optimal separation of the seismic pulse from the reflec
tivity as shown in fig. 107.

Figure 108 shows a second data set generated using the same model of fig. 105 but 
with a nonminimum-phase source wavelet. The deconvolved data as shown in fig. 109 has 
not been compressed to a single short pulse, instead it shows some phase distortion as a 
result of having the source wavelet being nonminimum-phase. Compensation of the phase 
distortion is achieved by the use of the Wiener transform.

The optimal phase compensator for a stable function y that has been deconvolved 
using spiking deconvolution without additive white noise is given by g = y * W(y), where 
W(y) is the Wiener transform of y. Autocorrelating g produces an impulse, which is a result 
first obtained by Fourmann (1974) who called g the Wapco operator. ( Appendix C ).

The beauty of the procedure for converting any stable function y into an impulse by 
spiking deconvolution without white noise followed by optimal phase compensation is that 
it may be applied to zero-phase wavelets as well as to nonminimum-phase causal source sig
natures such as from steam or water guns, as described by Sengbush, and Hu., 1986. Figure 
110 shows the zero-phase Ricker wavelet used in generating fig. 108. The output of W- 
L deconvolution before and after optimal phase compensation is shown figs. I l l  and 112 
respectively.
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Y = 8000'

V = 80007sec

Figure 105 One-layer VSP model over a half space
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SOURCE OFFSET (X) = 1500'
MINIMUM RECEIVER DEPTH (R) = 4000'
RECEIVER DEPTH INCREMENT = 200'
DEPTH OF REFLECTOR AT WELL ( Y) = 8000'
DIP OF REFLECTOR = 0
VELOCITY ABOVE REFLECTOR 80007sec
TRACE LENGTH = 2 sec
SAMPLE INTERVAL = 2 msec
SOURCE SIGNATURE = 50 msec, minimum-phase

Ricker Wavelet

Table 7 Parameters to generate the model shown in fig. 105
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0.5

1.5

Depth

Figure 106 Minimum phase synthetic VSP response
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0 .5

1.0

1.5

Depth

Figure 107 Deconvolved data



T-3404 139

0.5

1.0

1.5

Depth

Figure 108 Zero phase synthetic VSP response
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0 .5

1.0

.1.5

Depth

Figure 109 Deconvolved data
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Figure 110 Zero phase Ricker wavelet
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0.8

0.6
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Figure 111 W-L deconvolution before phase compensation
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1 . 6  

1 . 4  

1.2  

1
0.8 

0.6 

0 . 4  

0.2 

0
- 0.2 

- 0 . 4  

— 0.6 

- 0.8 

-1
0  2 0  4 0  6 0  8 0  1 0 0

Tim e Index

Figure 112 W-L deconvolution after phase compensation
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FUTURE WORK

The interpolation algorithm using sine functions works quite well when applied to one 
dimensional data. Its two dimensional extension was not tested on real data, though the 
results of synthetic examples used are promising.

VSP data is usually not recorded at all depth levels because of acquisition problems 
that are associated with washouts and poor seismic coupling that forces some zones to be 
skipped. This results in data gaps along the space axis. The two dimensional algorithm 
presented may be used to interpolate VSP data across skipped recording levels. How this 
interpolation affects any numerical method that processes VSP data as a function of depth 
appears to merit further investigation.

The use of median concept in the field of seismic data processing and particularly with 
regard to the wavefield separation of VSP data is very recent. The theoretical properties of 
median filters are not discussed in the geophysics literature.

An attempt to cover the basics of these filters in view of VSP processing, was presented 
here. Further studies related to the nonlinearity property are required.

The following observations regarding certain aspects of median filters seem to merit 
further investigation :

a. They behave differently for each input time sequence. The action of a linear time- 
invariant filter can be represented as:
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where,
i and o are the input and output time sequences respectively. The filter g is a func

tion of time; g(t).

For a nonlinear time-invariant filter, g is a function not only of time but also the input 
sequence; g(t,i) . The convolution integral needs modification to accommodate the new fil
ter.

b. Since they do not have true transfer functions, spectral analysis of their behavior 
seems to be interesting. This would be more beneficial when done in conjunction with the 
above discussion. Starting with a set of input functions, Fourier transforming them, median 
filtering the input functions and Fourier transforming the filtered outputs; one would have 
a feeling of the action of these filters in the time domain by comparing the spectra of the in
puts and outputs.

c. The filters can be used to separate signal from noise whose spectral characteristics 
are the same; something linear filters can’t do.

d. In a loose sense, they behave as low-pass filters in which the passband decreases 
as the filter length increases.

e. Under certain conditions, the input data is invariant to median filtering. Under
standing these conditions with regard to seismic data is very important.

f. The only design parameter of the filter is it length. The implementation of the fil
ter requires appending some values at the two ends of the input sequence. Choice of these 
values might affect the output at its extreme ends and hence deserves some attention.
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g. The effectiveness of the filter in terms of cost and time is affected by the sorting 
technique used.

h .  The filter can be made time as well as space variant.
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Conclusions and Results

An important application of VSP data is in the field of lithology studies, porosity deter
mination and elastic constants calculations. Such application requires accurate knowledge 
of compressional as well as shear wave velocities which in turn require accurate estimates 
of the travel times. The fundamental accuracy of this estimate is determined by the sam
pling interval; the finer the sampling interval the better the estimate.

"The final VSP image, as a whole, is also affected by the accuracies of arrival time es
timates. The is particularly true with regard to wavefield separation in which incorrect align
ment of first arrivals results in a poor separation between the wavefields.

An interpolation procedure, derived from the sampling theorem, is presented using 
sine functions to resample the data. The algorithm is tested on one-dimensional sampled 
waveforms and proves to be very effective. The effectiveness is measured in terms of the 
correlation coefficients between the reconstructed waveforms and the continuous ones.

Extension of the interpolation algorithm to two- dimensional sampled data is carried 
out using the sampling theorem. The interpolated data is more amenable to 2-D algorithms 
to isolate wavefields. This isolation is best performed on data in which the down going waves 
are time corrected to zero moveout.

The amplitude spectrum of the aligned downgoing waves is sharply focused along the 
frequency axis in the f-k domain. The result of applying a velocity pass-reject filter is more 
effective when applied to this data set than when applied to a data in which the spectrum of 
the downgoing waves is smeared in the f-k space.

= = j ~ ? = .
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Time correcting to zero moveout is best achieved using correlation detection that al
lows for downhole signal changes due to attenuation.

The wavefield separation problem has been simplified by the nonlinear statistical ap
proach using median filters, which are powerful tools for separating upgoing from downgo
ing waves. They are very effective, easy to implement and require no Fourier transformation. 
Test examples using synthetic data demonstrates the clear superiority of median filters over 
conventional velocity filters.

The problems associated with Fourier transformations between x-t space and f-k space 
are avoided. The filter can be applied to spatially aliased data without running the risk of 
filtering out desired modes of energy, which velocity filters can't do well.

The median filter shows excellent separation between the upgoing and downgoing 
wavefields on both synthetic as well as real data. Other types of undesired modes of ener
gy such as tube waves can also be suppressed very effectively by the use of median filters. 
No prior assumptions about the data are required. Equal spacing of recording levels is not 
assumed and source waveform changes are handled very easily. The only parameter in
volved in designing the filter is its length which is decided by the data itself. Time and 
space-variance of the filter is permissible.

The filter has many uses in the field of surface seismic data. Applying median filter 
to a shallow seismic profile showing a high frequency air wave resulted in much better sup
pression of the air wave than when a linear low-pass filter was used.

Deconvolution of upgoing waves is carried out using deconvolution operators calcu
lated from the strong downgoing waves that experienced less earth filtering effects.
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The minimum-phase assumption of Wiener-Levinson deconvolution is violated when 
using a nonmimum-phase source signature. The undesirable phase distortions introduced 
by such sources can be compensated for by the use of Wiener transform. A synthetic zero- 
phase waveform is used to test the method.

A comparison between the deconvolved wave before and after compensation 
demonstrates the simple and optimal performance of the method. The optimality is in the 
sense of minimizing the mean-square error.
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Appendix A 
Sine Interpolation

One dimensional case

Reconstruction of a continuous time function can be accomplished by the use of the 
sampling theorem.

To sample a continuous function without loss of information, the Nyquist frequency 
fn= l/2At, must be greater than or equal to the maximum frequency content in the data to 
be sampled (fo), where At is the sampling interval.

The notation used in the following derivation follows that of Sengbush, 1983.

Consider a continuous function g(t) whose spectrum G(f) is bandlimited to ± fo . Sam
pling it in accordance with the sampling theorem will produce a set of weighted and delayed 
delta functions:

gs(t) = AtLg(kAt) 5 (t-kAt)

Taking the Fourier transform of the above relation gives:

Gs(f) = AtLg(kAt) exp( -jwkAt)

Where:

w = 2jif

Because of the periodicity of the exponential, the spectrum of the sampled data Gs(f) 
is periodic with period f=l/At.
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Since the sampling theorem was satisfied, multiplying the spectrum Gs(f) by a box
car within the range ± fo , will produce the original spectrum of the continuous function, (fig.

Where h(t) is the inverse Fourier transform of the boxcar H(f) and is equal to : 2 fo 
sinc( 2 fo t )

The above relation reduces to :

g(t) = [At Ig(kAt) 8 (t-kAt) ] * [ 2 fo sinc(2 fo t) ]
= Z g(kAt) [8 (t-k At) * sine(2 fo t) ]
= "Z g(kAt) sine(2 f o t - k )

Two-dimensional case

A similar approach of sine interpolation has been extended to a two-dimensional con
tinuous function g(t,x).

Consider a continuous function g(t,x) whose spectrum is band limited to fo along the 
frequency axis and ko along the wave number axis.

Sampling this function along the time domain with a sample interval At =l/2fo, and 
along the space domain with a sample interval Ax =l/2ko , will produce a set of weighted 
and delayed delta functions in the x-t space, (fig. 114):

113).

G(f) = Gs(f) . H(f)

Where H(f) is : f 1 -fo < f < fo 
otherwise

The above multiplication corresponds to convolution in the time domain : 
g(t) = gs(t) * h(t)
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G(f)

- fo =  -fl

Figure 113 Time-domain sampling
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At
r*-

t

Ax

t Each sample point gs (q, xj) can be 
looked at as the volume of a cube 
whose sides are At,Ax & height = 
g (iAtjAx) 5 (t-iAt) 5 (x-jAx)

Figure 114 Time-space domain sampling
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gs(t,x) = AtAx I  I  (nAt ,mAx) 5 (t-n At ) 5 (x-mAx )

Two-dimensional Fourier transforming the above relation gives:
Gs(fjc) = AtAx I  X (nAt ,mAx ) exp( -jwnAt) exp( -jlmAx)

Where:

w = 2jtf, 1 = 27tk, j = V r T

The above spectrum of the sampled data is periodic in the f-k domain, with period 
f=l/At along the frequency axis and period k= 1/ Ax along the wavenumber axis, (fig. 115,a)

Multiplying the previous spectrum with a rectangular shaped box that is unity in the 
range ( ± fo , ±ko ) and zero otherwise produces the original spectrum of the continuous func
tion :

G(f,k) = Gs (f,k). H(f,k)

H(f,k) can be viewed as two boxcars; one along the f-axis and is unity in the range 
±fo, while the other is along the k-axis and is unity in the range ± ko . Both are zeros other
wise, (fig. 115,b).

H(f,k) = P(f) . Q(k)

Now write G(f,k) in terms of P(f) and Q(k) :
G(f,k) = Gs (f,k). P(f) . Q(k)

The above multiplication corresponds to convolution in the space-time domain : 
g(t,x) = gs (t,x) * p(t) * q(x)

where p(t) is the inverse Fourier transform of P(f) and is equal to : 2 fo sinc(2 fo t). 
q(x) is likewise the inverse Fourier transform of Q(k) and is equal to: 2 ko sinc(2 ko x).

Substituting the sampled function g (t,x) and the sine functions p(t) and q(x) in the 
previous relation gives:
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Figure 115 Periodicity of the two-dimensional Fourier transform
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g (t,x) = AtAx I  Ig(nAt,mAx) 5 (t-nAt) 5 (x-mAx) 

* 2 fo sine(2 fo t) * 2 ko) sine(2 ko x)

=1 Ig(nAt,mAx). sinc(2fo t-n ). (2ko x-m)
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C The following program performs sinc-interpolation in one dimension. The input data is
C generated within the program but can be read from a data file. The interpolated data is
C written to file YY.

REAL H(0:r)
REALK
PARAMETER (PI = 3.1415926)

C The input data has r+1 sample points with sample interval equal to d . The interpolated
C data is resampled at a sample interval equal to d/2, however it can be resampled to any
C desired interval.

DO 3 T=0.,r*d,d/2.
SUM=0.

DO 5 K=0,r
IF ( (2*fn*T-K).EQ. 0. ) THEN 

H(K)=1.
ELSE

H(K)= ( SIN(PI*(2*fn*T-K)))/(PI*(2*fn*T-K))
END IF

C The input data is 60 Hz cosine wave, but can be replaced with any desired input.

SUM= SUM + COS(2*PI*60*d*k) * H(K)
5 CONTINUE

C The interpolated data, resampled at the new sample interval d/2, is written to file YY.

WRITE (YY,*) T, SUM 
3 CONTINUE

STOP
END

C The following parameters are to be replaced by the desired values before running the
program:

C No. of sample points of the input data : r
C The sampling interval of the input data : d

C The sampling interval of the
C interpolated data : d/2.
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C The following program performs sinc-interpolation in two-dimensions (x,t). The input
C data is generated within the program but can be read from a data file. The interpolated
C data is written to file YY.

REAL G(0:r,0:r), SUM(0:r,0:r)
REALK
PARAMETER (PI = 3.1415926)

C The input data (2-D function), is defined over a grid of r+1 points, with a sample inter
val of d along the x and t directions.

C The input data in this example is 60 Hz cosine wave, but can be replaced by any desired
C 2-D function.

DO 10 l= 0 j 
DO 15 J=0,r
G(I,J)=COS(2*PI*60*d*j)

15 CONTINUE
10 CONTINUE

C The reconstructed 2-D function is resampled at d/2 along both the time and space axis.
C The new sample interval can be any fraction of the original sample interval.

DO 20 T=0.,r*d,d/2.
DO 25 X=0.j*d,d/2.
K=0

DO 30 l=0,r

C The Nyquist wavenumber kn is l/2*d, and the Nyquist frequency fn is l/2*d.

IF ((2*kn*X-I).EQ.O.) THEN 
A=l.

ELSE
A=(SIN(PI*(2*kn*X-I)))/(PI*(2*kn*X-I))

END IF
IF ((2*fn*T).EQ.O.) THEN 

C=l.
ELSE

C=(SIN(PI*(2*fn*T)))/(PI*(2*fn*T))
END IF
SUM (I,0)=G(I,0)*A*C
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DO 35 J=l,r

C The values of the since functions are set to one when their arguments are zeros.

IF ((2*kn*X-I).EQ.O.) THEN 
A=l.

ELSE
A= (SIN(PI*(2*kn*X-I)))/PI*(2*kn*X-I))

END IF
IF ((2*fn*T-J).EQ.O.) THEN 

B=l.
ELSE

B=(SIN(PI*(2*fn*T-J)))/(PI*(2*fn*T-J))
END IF

C The set of all sine functions is added

SUM (I,J)=SUM(I,J- l)+GaJ)*A*B 
35 CONTINUE

K=K+SUM(I,r)
30 CONTINUE

C The interpolated data, resampled at the new sample interval d/2, is written to file YY.

WRITE (YY,*) X, T, K

25 CONTINUE
20 CONTINUE

END

C The following parameters are to be replaced by the desired values before running the
program:

C No. of sample points of the input data : r
C The sampling interval of the input data : d

C The sampling interval of the
C interpolated data : d/2 or as

desired.

C The Nyquist frequency and the Nyquist
C wavenumber of the input data : fn & kn
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Appendix B 
Median filtering

Since sorting techniques are common operations in computer processing, many dif
ferent algorithms have been developed.

In an exchange sorting technique, pairs of entries in a list are compared and if the 
entries are out of order, they are interchanged. This comparison process is repeated until no 
more exchanges are necessary.

The most common exchange method is known as the bubble sort in which each ele
ment is compared to all the remaining unsorted elements. During the first pass through the 
list, the comparison begins with the elements in locations one and two. If out of order, these 
two elements are interchanged. The process is then repeated for the elements in locations 
one and three, one and four, , up to one and n.

After this pass the smallest entry will have ‘bubbled’ to position one. The next pass 
needs only to examine the last n-1 entries in the list. The algorithm continues passing 
through the list, reducing the size each time, until all of the entries are in order. Dyck et al., 
(1984) present a detailed, though somewhat different, approach to the method. For a list of
n entries, the maximum number of comparisons is (n-1) + (n-2) + ...... + 2 + 1 = n ( n-1 )
/  2 . Figure 116 illustrates the bubble sort technique as it is applied to a list of numbers.

The filtered output of the following program is N elements shorter at the beginning 
and at the end, than the input data, (2N+1 is the length of the filter window). Hence, N ele
ments are to be appended at the beginning and at the end of the input data. These elements 
are chosen to be those of the first and last values of the input data. Alternative ways to treat 
the start and end problem, have been suggested, (Tukey; 1977).
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1ST PASS

2ND PASS

3RD PASS

9 8 3 4 7i j
8 9 3 4 7

I
OUTPUT

3 9 8 4 7i t
3 8 9 4 7i i
3 4 9 8 7t i
3 z 8 9 7» i
3 z 7 9 8

i i
3 z 7 8 9

Figure 116 Sorting using the bubble sort technique
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C The following program performs median filtering using the "bubble sort" technique. 
The input data is read from file XX and the filtered output is written to file YY.

C Array B(C) is the input data with length C.
C Array A(2*N+1) is a window of length 2*N+1 to be slided along the input array B(C).

REAL B(C), A(2*N+1)
INTEGER I, II

C Input data is read from file XX

DO 3 1=1,C 
READ (XX,*) B(D 

3 CONTINUE

C Assign entries from the input array to the window elements.

11=1
5 A(1)=B(I1)

A(2)=B(I1+1)
A(3)=B(Il+2)

A(2*N+1)=B(I1+2*N)

C Sort the window in ascending order and output the median-value to the output file YY

CALL SORT(A,2*N+l)
WRITE (YY,*) A(N+1)

C Slide the window one element to the right of the input and continue the operation.

11= 11+1
IF ( Il .LE. C-2*N ) GO TO 5

STOP
END
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SUBROUTINE SORT (A,2*N+1)

INTEGER N, I, J, NI, II 
REAL A(2*N+1), HOLD

C The outer loop runs from 1 to one less than the length of the window array. The inner
C loop runs from one larger than the outer loop up to the length of the window array.

N1=2*N 
DO 20 1=1,N1 

11= 1+1
DO 10 J=I1,2*N+1

C Each element in the window array is compared to all the remaining unsorted elements.
C If a pair is found to be out of order, the two elements are interchanged, otherwise the
C comparison is continued.

IF ( A (I) .LE. A(J) ) GO TO 10
HOLD=A(I)
A(I)=A(J)
A(J)=HOLD

10 CONTINUE
20 CONTINUE

C Return to the main program

RETURN
END

C The following parameters are to be replaced by the desired values before running the
program:

C The length of the input data : C
C The length of the sliding window ( 2*N+1 ) : N
C The input and filtered output
C data file numbers : XX & YY
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Appendix C 
Phase compensation

The optimal phase compensator for a stable function y that has been deconvolved 
using spiking deconvolution without additive white noise is given by:

g = y* W(y)
where,

W(y) is the Wiener transform of y and is defined as the solution w to the determinis
tic Wiener-Hopf inverse filter equation (Sengbush, 1983):

<j> y* w = ô, t > 0.

To start with, assume the effective seismic pulse contains a nonminimum phase filter 
y. Applying Wiener-Levinson deconvolution will not compress the effective pulse to a 
spike because the filter y is not completely inverted, rather its minimum phase inverse y^1 
is produced which will introduce phase distortion in the deconvolved data viewed in the fre
quency domain as:

y* y;»1 -» y. Y"„‘ = IyI exp(Q ,) .|y| ‘e x p (-  6„)

= exp ( © , - © „ )

where,

@ y : is the phase response of y

: is the phase response of y a

* : Denotes convolution

-» : denotes Fourier transformation.
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To compensatae for this distortion, a filter with an inverse phase shift and unit 
amplitude given by:

|] |ex p (0 m - 6 , )

would result in a complete inversion of y when applied to the deconvolved data. When 
viewed in the time domain, the expression of this filter is given by:

ym*y"1

Since y is not minimum phase, y"1 is unstable and the filter in this expression can 
not be used. To overcome this problem, we use the Wapco operator (Fourmann, 1974), 
which is a folded but stable expression of the previous filter given by:

g = y*  y '. 1

In terms of Wiener-transform, the previous expression is written as:

g = y * W(y)

Convolving data with g(-t) or correlating it with g(t) results in a zero-phase impulse. 
The phase response of the deconvolved data before compensation is reduced to zero after 
the operator is applied.


