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ABSTRACT 

In this paper, we introduce a new technique for multidimen-
sional filtering of irregularly sampled seismic data. In this 
context filtering may be used for coherent noise and interfer-
ence attenuation, as well as the generation of seismic images. 
The filtering operation consists of the convolution of the fil-
ter operator with the seismic data. The filter operator is usu-
ally computed on a regular grid (rectangular or hexagonal) 
that corresponds to the nominal sampling of the seismic data. 
Unfortunately, in the physical world the seismic data are of-
ten sampled at irregular spatial locations. Hence the two 
functions (the filter and the data) are defined on grids that do 
not match. Convolving these two functions without due re-
gard to this fact would result in a degradation of the filtering 
performance. One way to solve this problem would be to 
interpolate the seismic data onto the regular grid. However, 
due to the shear volume of seismic data this approach would 
be prohibitively expensive in practice. We propose a meth-
odology to solve the filtering problem in an accurate and 
economical way. In the proposed approach, the filter coeffi-
cients are first interpolated onto the irregular grid on which 
the seismic data are sampled. This is followed by the convo-
lution of the filter operator and the seismic data over the 
common irregular grid. The convolution requires the numeri-
cal integration of the product of two irregularly sampled spa-
tial functions, which can be performed by a 2D generaliza-
tion of the trapezoidal rule. The numerical integration can be 
achieved by tessellating the irregular grid through Delaunay 
triangularization and computing geometry-dependent scaling 
factors for each grid point. The interpolated filter coefficients 
are then scaled by the geometry-dependent weights. The re-
sultant filter coefficients can be optionally renormalized such 
that the filter response within a selected subset of the multi-
dimensional spectrum is identical to that of the ideal filter. 
Finally, the modified filter can be applied to the seismic data 
using any conventional convolution procedure. 

1. INTRODUCTION 

Seismic data, in general, contain coherent and incoherent 
noise signals, along with seismic reflection signals. These 

noise signals interfere with the interpretation of the seismic 
signals and degrade the quality of the subsurface images that 
can be obtained by further processing. It is, therefore, very 
desirable to suppress the noise that is present in the recorded 
data before processing it for imaging. In land seismics, 
source-generated noise, like ground roll and airwaves, are the 
dominant noise types, and can lead to severe degradation in 
data quality. The conventional method of noise attenuation in 
seismic acquisition is through the process of analogue group 
forming. The analogue array output is the normalized sum 
(arithmetic average) of all input traces. The array support is 
usually rectangular. Consequently, the spectral response of 
the array is approximately a frequency-independent 2D  sinc 
function in the kx-ky space. As the ground roll modes have 
finite apparent velocity, frequency independent filters are not 
ideal for separating signal and noise in seismic data. High-
frequency components of dipping seismic events may get 
attenuated, while the low-frequency components of the 
ground roll may be left in. 
Point-receiver recording allows the use of digital group form-
ing (DGF) for better noise attenuation and signal preservation. 
Digital group forming consists of the application of a 3D filter 
with two spatial and one temporal frequency axis, which al-
lows much better control of the signal protection and noise 
rejection zones in the spectral (f-kx-ky) domain. Said 3D filter 
may be either deterministic [5], or adaptive ([3],[4). The natu-
ral data structures of the input data are individual common 
source gathers, e.g., the ensemble of all point-receiver re-
cordings for an individual source position. On output, the data 
traces will be group formed, e.g., after convolution of the 
DGF filter with the point-receiver dataset. Usually, the num-
ber of output traces will be far less than the number of original 
point-receiver traces. 
 
The design of multidimensional filters used for digital group 
forming conventionally requires regular sampling of the seis-
mic data. Regular sampling in the context of this work means 
for example spatial sampling on a rectangular or a hexagonal 
grid, although other regular patterns can be used as well. Sam-
pling of the time axis is usually regular, although the present 



work can be generalized to the case of irregular sampling in 
all dimensions involved.  
In the physical world, the seismic data are often sampled at 
irregular spatial locations (Figure 1). This fact is usually ig-
nored in the design and application of multidimensional filters 
for group forming. Consequently, the actual response can be 
different from the theoretical one. The signal pass zone of the 
filter in the spectral domain can be distorted, i.e., the pass 
zone may be smaller than designed, the gain may end up be-
ing significantly different than unity, and the phase signifi-
cantly different from zero. The side lobes of the filter (i.e., the 
gain in the reject zone) may be significantly increased. This 
can lead to seismic signal distortion and noise leakage. New-
man and Mahoney [2] studied the effects of errors in sensor 
positions in 1D linear arrays, and showed that the side lobes in 
the array reject regions are much higher than the theoretical 
values corresponding to the perfect arrays. We have made 
similar calculations for 2D and 3D arrays. 
 
 

 
 
Figure 1: Example of receiver layout from a land survey. 

 
One way to solve the problem of multidimensional filter-

ing of irregularly sampled seismic data would be to interpo-
late (regularize) the irregularly sampled seismic data to a 
common regular sampling pattern, and apply filters designed 
for that regular pattern afterwards [1]. This approach would, 
in general, be too expensive, given the enormous volume of 
3D seismic datasets. Furthermore, the spatial sampling irregu-
larity in especially land acquisition often takes the form of the 
constriction of the array aperture, due to the obstacles (Figure 
1). In these situations data regularization would have to take 
the form of extrapolation of severely aliased data, which is a 
numerical problem that one would prefer to avoid. 

In this work, we discuss the design and application of 
multidimensional filters that are suitable for irregularly sam-
pled seismic data without resorting to the regularization of the 
large volume of seismic data. As the size of the multidimen-
sional filter operators is typically much smaller than that of 
the point-receiver data, the proposed technique is much 

cheaper than the regularization approach mentioned above. In 
addition, because the transfer functions of the filter operators 
are known to arbitrary accuracy, as opposed to the approxi-
mate knowledge of the frequency-wavenumber spectrum of 
the seismic data, the new approach has the potential to be 
more accurate as well. 

2. OVERVIEW OF THE METHOD 

Without loss of generality we assume that the temporal sam-
pling of said seismic data is regular, although the method is 
also applicable to data irregularly sampled in time. In the 
following, we distinguish between ideal and actual data loca-
tions, to express the locations at which seismic data ideally 
should be collected versus the actual location at which data 
collection took place. Data collection means the process of 
actually recording seismic data at said locations, as well as 
the process of assigning seismic data spatial locations during 
further processing of the data, e.g., in the source-receiver 
midpoints domain.  
Multidimensional filtering of irregularly sampled seismic 
data basically consists of 1) interpolation of the ideal filter 
given on a regular grid onto the irregularly distributed actual 
locations at which seismic data are gathered, 2) computing 
the weights of a multidimensional quadrature rule based on a 
tessalation of the actual data locations to evaluate the convo-
lution integral, and 3) a normalization step to achieve identi-
cal filtering results within a selected subset of the frequency-
wavenumber domain. In detail, these steps are: 

1. Design a multidimensional FIR (Finite Impulse Re-
sponse) filter on a regular (rectangular or hexagonal, 
for example) grid. This grid may be optionally over-
sampled with respect to the ideal data locations.  

2. Interpolate the filter onto the actual data locations to 
create new time-dependent filter coefficients for each 
actual data location. This can be done, for example, 
through sinc (band-limited), spline, polynomial, and 
other interpolation methods. Note, that the interpola-
tion weights are the same for all the time lags of the 
filter. In preparation for the interpolation step the 
grid on which the original filter is defined should be 
extended, and the points outside the original support 
set to zero.  

3. Compute the convolution integral using a multidi-
mensional quadrature scheme, e.g., a 2D  generaliza-
tion of the trapezoidal rule. This can be achieved by 
assigning geometry-dependent weights to the actual 
data locations. The quadrature scheme requires a tes-
sellation of the actual data locations, using, e.g., De-
launay triangularization. The geometry-dependent 
weights are proportional to the sum of areas of trian-
gles for which a data location is a vertex. 

4. Scale the interpolated time-dependent filter coeffi-
cients with the geometry-dependent weights. 

5. Normalize the filter coefficients such that the filter 
response within a selected subset of the f-kx-ky 
spectrum is identical to that of the ideal filter. For 
seismic applications a useful such subset is along the 
frequency axis, i.e. kx=ky=0. For this particular case, 



the normalization rule is that for each time lag, the 
sum of the interpolated and geometry-dependent  
weighted filter coefficients equals the sum of the 
ideal filter coefficients. 

6. Apply the modified filter using any multidimen-
sional convolution procedure. 

 

3. EXAMPLE 

During the presentation, we will demonstrate the effectiveness 
of the new method using various real data examples. Figure 2 
shows the receiver positions at a given point of the receiver 
line. It also shows the DGF spectral responses corresponding 
to the array with regular and irregular positions, as well as the 
corrected response corresponding to the irregular positions. 
The corrected response corresponds to the filter coefficients 
that are generated by the method introduced here. Not surpris-
ingly, the corrected response cannot match the ideal response 
of the regular array, but both the pass region and the reject 
region responses have been significantly improved. 
 

4. DISCUSSION AND CONCLUSION 

The presented method of filtering irregularly sampled seismic 
data is an accurate, robust and economic alternative to regu-
larizing the data onto a regular grid, followed by conventional 
filtering. In fact, in situations where the sampling is too dis-
torted for the regularization to be numerically possible, filter-
ing on the existing grid would be the only option. The method 
is applicable not only to noise filtering in land, marine or sea-
bed seismic surveys, but to imaging as well.  
Analyzing the contribution of the different components of the 
method has shown that, interpolation of filter coefficients is 
especially useful to correct the main lobe (pass zone) re-
sponse. Geometry-dependent re-weighting of filter coeffi-
cients is especially useful to correct the side lobe (reject 
zone) response. 
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Figure 2: Receiver positions (top left), rotated receiver posi-
tions (top right), DGF spectral response corresponding to the 
regular positions (bottom left), response corresponding to the 
irregular positions (bottom middle), corrected response corre-
sponding to the irregular positions (bottom right). 
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