
6                                1,099,483           The matrix elements in
Equation 2 may be determined on a theoretical basis       under the
following assumptions.           1) The signal and noise are uncorrelated
with each other on a given channel and       between channels. 5        2)
The signal (or noise) waveform is assumed to be the same on all channels
ex-  5       cept for arrival times.           The signal may be modeled in
terms of its space correlation properties. The auto-       correlation
function of a signal [err] is assumed identical for all channels ([err]
being a       running number). The cross-correlation between signals on
channels i and j is given by: [err]          where           [err] =
relative delay time of signal on channel i           [err] = relative delay
time of signal on channel j           The parameters [err] and [err]
represent the moveout that a desired signal may have 15    between channels
i and j. They are in practice subject to errors resulting for example  15
from poor static error correction, incorrect normal moveout correction, and
they may       be expected to vary over some range. We may treat the [err]
as random variables with       uniform probability over some range, and
compute the average correlations as: [err]      20    where p([err] [err])
is the joint probability distribution function. We make the assumption  20
that static and other errors are statistically independent between channels
hence  



[err]       and that the distribution is uniform
1      1                       [err]  25    The range of moveout between
channels [err] and [err] for the signal is                      25 -
[err]             The average in Equation 2 may also be written as a double
convolution of [err]       with two "box car" functions
[err]   30    where
30             = convolution [err]
1,099,483                                   7                The signal
auto and cross power terms may be obtained from Equation 6 by Fourier
transform    [err]  



5      where [err](f) is the Fourier transform of [err].
[err]*(f)= [err](f) [Let [err] =[err] in Equation 2] for [err].
For the model illustrated in FIGURE 7 each of the auto power functions
S[err]*(f)                may be considered to be a constant. More
particularly S1, S2 and S3 of FIGURE 7                are in time alignment
so that exponential term of Equation 8 is unity. All of the        10
remainder of the terms on the right-hand side of Equation 8 are constants.
However,  10                special consideration must be given to the
terms [err]S[err] and [err]S[err]. These terms may also be
considered to be constant and of the magnitude illustrated in FIGURE 7.
Thus, each of                the auto power functions of the signal as
required by Equation 2 will be constant for a                given
frequency.        15         By similar analysis, the matrix elements for
coherent noise are:            15 [err]                    where [err](f)
is the Fourier transform of the coherent noise autocorrelation [err]. In
the foregoing equation, [err] and [err] may be considered to be the
constant                values or functions illustrated in FIGURE 7.
However, the exponential term of Equa-        20     tion 9 varies in
dependence upon spread geometry and record time. It has the value of  20
the time differences illustrated in FIGURE 5, for example, the value at the
given record time of three seconds from the curves of plot 5A, FIGURE 5.
The value of the paren-                thetical portion of the exponential
(N[err]-N[err]) would be zero for the first element. For                the
second element, (N[err]-N[err]) would be fifteen milliseconds. For the
third element,        25     (N[err]-N[err]) would be seventeen
milliseconds. Thus, by substituting into the Equations 8  25
and 9, all the data necessary for solution to Equation 2 is obtained. The
data comes from                the velocity functions such as plotted in
FIGURE 5 and from the assumed values of                error illustrated in
FIGURE 7.                                        [err]
(10) 



30     where [err](f) is the random noise power uncorrelated between
channels.                30                    Finally, the elements of the
column vector on the right-hand side of matrix Equa-                tion 1
may be obtained in a similar fashion as: [err]                    where the
parameter "o" represents the reference position in the array at which the
sig-        35     nal is to be estimated. If"o" corresponds to one of the
seismometer positions X[err]=X[err];  35                then that term of
the column vector simply becomes,
[err]
(12)                 Having generated analytic expression for the matrix
elements in Equation 1, the matrix  is inverted for the Y[err], i= 1, 2, 3.
Since the Y(f) are computed in the frequency domain        40     they are
in turn inverted to the time domain by Fourier transform to determine the
40                impulse response of the filters as shown in FIGURE 4. The
impulse responses of the                filters are then convolved with the
common depth point traces for which they are            1,099,483
designed, and stacked for multiple attenuation as shown in FIGURE 3.
FIGURE 8 illustrates one system for evaluation of the impulse response of
the          filters Y1, Y2, and Y3 by carrying out the operations as
indicated in Equation 3.              Variable voltage sources 100, 101 and
102 provide variable unidirectional voltages 5       which may be adjusted
in magnitude in accordance with the desired values of the    5
functions S[err], S[err], and S[err] respectively. Sources 105, 106 and 107
similarly are adjust- 



able voltage sources which will provide voltages representative of the
values M[err], M[err]          and M[err] respectively, the latter being
represented mathematically in Equation 3.              Sources 110, 111 and
112 are provided for representing the values M[err], M[err], M[err] 10
Sources 115, 116 and 117 are provided to supply voltages representative of
the elements  10          M[err], M[err] and M[err].
Multipliers 120, 121 and 122 are also provided. The source 100 is connected
to          one input terminal of each of the multipliers 120-122. The
source 105 is connected to          the second input terminal of multiplier
120. The source 106 is connected to the second 15     input terminal of
multiplier 121. The source 107 is connected to the second input  15
of multiplier 122. The outputs of the multipliers 120-122 are summed in a
network 123 with the sum being applied to a meter-recorder unit 124 to
produce a          record 125. For each setting of the sources 100, 105,
106 and 107, one point on the          curve 126 will be plotted. The point
will represent the particular frequency at which the 20      values of the
Equation 3 are determined. Thus, an amplitude frequency plot is formed  20
on record 125. This plot characterizes the filter Y1. The Y1 filter
information is then          applied to a unit 127 to provide a Fourier
transform on chart 128. The function re-          corded on chart 128
represents the impulse response of the filter Y1 at the record time
selected for the data for the values to be used in the exponential of
Equation 9. In a 25     similar manner, charts 129 and 130 are produced
which represent respectively the im-  25         pulse response of the
filter Y2 and filter Y3 respectively.              The impulse responses of
the filters Y1, Y2 and Y3 are illustrated in detail in          FIGURE 4.
The impulse response as plotted in FIGURE 4 is then employed to set or
adjust the values of the resistors 40a-84a of the unit of FIGURE 3. More
particularly 30      for channel X1 at Time = 0, the magnitude of the
resistor 42a is made proportional to  30         the ordinate 42a'. The
value of resistor 72a is proportional to the ordinate 72'. The
value of resistor 82a is proportional to the ordinate 82a'.
Similarly, the resistor 41a is proportional to the ordinate 41a'; resistor
71a to          ordinate 71a' (with provision being made though not shown
for polarity reversal); 35      resistor 81a to ordinate 81a'; resistor 43a
to ordinate 43a'; resistor 73a to     35          ordinate 73a'; and
resistor 83a to ordinate 83a'. In a similar manner,          each of the
resistors in the filters will be adjusted to magnitudes and polarities
which          are dependent upon the respective inpulse response curves of
FIGURE 4. The filters          will then serve to eliminate multiples so
long as the data, such as represented in the plot 40      5A of FIGURE 5 is
representative of the multiple excess moveout.                  40
In FIGURE 6 it will be noted that the curves are segmented. Consistent
therewith, 



the filters will be changed as to their respective impulse responses as a
function of         record time. This may be accomplished in FIGURE 3 by
actuating linkage 89 at 2.5         seconds, 4 seconds, and 7 seconds
record time as indicated in Figure 6. The filter 45     switches
successively couple one set of resistors and then another in each of the
filter  45         banks. The values of the selected resistors are selected
in dependence upon functions         such as in FIGURE 6 to provide for
multiple removal in each of the record intervals.              It will be
appreciated that the foregoing description of an analog type of apparatus
for carrying out the invention may be substituted by a digital computer
which is pro- 50     grammed to carry out the operations mathematically and
graphically described above.  50         The input data will comprise the
seismic reflection data and the design data for the         optimum
filters. Three filters for each of eight different sets will be employed.
It is to be understood that the invention is not limited to the specific
field         technique illustrated in FIGURE 1. For example, it may be of
the type described in 55     the above-identified article from Geophysics
dealing with expanding spreads. In such  55          case, the expanding
spread data could be rendered free from multiples. Other field pro-
cedures may also be employed where more than but single coverage of the
subsurface is          accomplished.              WHAT WE CLAIM IS: - 60
1. A method for reducing multiple reflections in seismic signals including
the steps  60         of generating a plurality of signals representative
of seismic waves detected after travel         to and from the same
subsurface reflecting point over a like plurality of paths all of
different lengths and in which multiple reflections have an apparent
velocity which dif-         fers from the apparent velocity of primary
reflections in dependence upon the geometries             



1,099,483         designed, and stacked for multiple attenuation as shown
in FIGURE 3.              FIGURE 8 illustrates one system for evaluation of
the impulse response of the         filters Y1, Y2, and Y3 by carrying out
the operations as indicated in Equation 3.              Variable voltage
sources 100, 101 and 102 provide variable unidirectional voltages 5
which may be adjusted in magnitude in accordance with the desired values of
the     5         functions S[err], S[err], and S[err] respectively.
Sources 105, 106 and 107 similarly are adjust-         able voltage sources
which will provide voltages representative of the values M[err], M[err]
and M[err] respectively, the latter being represented mathematically in
Equation 3.              Sources 110, 111 and 112 are provided for
representing the values M[err], M[err], M[err] 10      Sources 115, 116 and
117 are provided to supply voltages representative of the elements  10
M[err] M[err] and M[err].              Multipliers 120, 121 and 122 are
also provided. The source 100 is connected to         one input terminal of
each of the multipliers 120-122. The source 105 is connected to         the
second input terminal of multiplier 120. The source 106 is connected to the
second 15     input terminal of multiplier 121. The source 107 is connected
to the second input   15         of multiplier 122.  The outputs of the
multipliers 120-122 are summed in a         network 123 with the sum being
applied to a meter-recorder unit 124 to produce a         record 125. For
each setting of the sources 100, 105, 106 and 107, one point on the
curve 126 will be plotted. The point will represent the particular
frequency at which the 20      values of the Equation 3 are determined.
Thus, an amplitude frequency plot is formed  20         on record 125. This
plot characterizes the filter Y1. The Y1 filter information is then
applied to a unit 127 to provide a Fourier transform on chart 128. The
function re-         corded on chart 128 represents the impulse response of
the filter Y1 at the record time         selected for the data for the
values to be used in the exponential of Equation 9. In a 25      similar
manner, charts 129 and 130 are produced which represent respectively the
im-  25         pulse response of the filter Y2 and filter Y3 respectively.
The impulse responses of the filters Y1, Y2 and Y3 are illustrated in
detail in         FIGURE 4. The impulse response as plotted in FIGURE 4 is
then employed to set or         adjust the values of the resistors 40a-84a
of the unit of FIGURE 3. More particularly 30     for channel X1 at Time=
0, the magnitude of the resistor 42a is made proportional to  30
the ordinate 42a'. The value of resistor 72a is proportional to the
ordinate 72'. The         value of resistor 82a is proportional to the
ordinate 82a'.              Similarly, the resistor 41a is proportional to
the ordinate 41a'; resistor 71a to 



ordinate 71a' (with provision being made though not shown for polarity
reversal); 35     resistor 81a to ordinate 81a'; resistor 43a to ordinate
43a'; resistor 73a to       35         ordinate  73a'; and  resistor  83a
to  ordinate  83a'. In  a  similar manner,         each of the resistors in
the filters will be adjusted to magnitudes and polarities which         are
dependent upon the respective inpulse response curves of FIGURE 4. The
filters         will then serve to eliminate multiples so long as the data,
such as represented in the plot 40      5A of FIGURE 5 is representative of
the multiple excess moveout.                        40              In
FIGURE 6 it will be noted that the curves are segmented. Consistent
therewith,         the filters will be changed as to their respective
impulse responses as a function of         record time. This may be
accomplished in FIGURE 3 by actuating linkage 89 at 2.5         seconds, 4
seconds, and 7 seconds record time as indicated in Figure 6. The filter 45
switches successively couple one set of resistors and then another in each
of the filter  45         banks. The values of the selected resistors are
selected in dependence upon functions         such as in FIGURE 6 to
provide for multiple removal in each of the record intervals.
It will be appreciated that the foregoing description of an analog type of
apparatus         for carrying out the invention may be substituted by a
digital computer which is pro- 50      grammed to carry out the operations
mathematically and graphically described above.  50         The input data
will comprise the seismic reflection data and the design data for the
optimum filters. Three filters for each of eight different sets will be
employed.              It is to be understood that the invention is not
limited to the specific field         technique illustrated in FIGURE 1.
For example, it may be of the type described in 55     the above-identified
article from Geophysics dealing with expanding spreads. In such  55
case, the expanding spread data could be rendered free from multiples.
Other field pro-         cedures may also be employed where more than but
single coverage of the subsurface is         accomplished.
WHAT WE CLAIM IS: - 60           1. A method for reducing multiple
reflections in seismic signals including the steps  60         of
generating a plurality of signals representative of seismic waves detected
after travel         to and from the same subsurface reflecting point over
a like plurality of paths all of         different lengths and in which
multiple reflections have an apparent velocity which dif-         fers from
the apparent velocity of primary reflections in dependence upon the
geometries     



1,099,483                                         9                   of
and velocity profiles along said paths, applying normal moveout correction
to align the  primary  reflections  in  each   of  said  plurality  of
signals,  applying         separate filters to each of said plurality of
signals to alter the time distribution of                  the multiple
reflections of each of said signals relative to the primary reflections
therein in dependence upon the geometries of the respective paths of the
associated seismic     5                  waves to and from said point and
upon the velocity profile along said path, and com-                  bining
the aligned and filtered signals to produce a composite signal in which
said pri-                  mary reflections are enhanced relative to said
multiple reflections.                       2. The method as defined in
claim 1, in which the composite signal is recorded          10      and the
degree of modification of the time distribution of the multiple reflections
in each  10                  signal is itself modified as o function of
record time.                       3. The method as defined in claim 1 or
claim 2, in which the seismic waves are                  generated
successively at shot points spaced at selected distances from a reference
point                  and are detected at points located at like distances
from the reference point on the side          15     thereof opposite the
respective shot points.                                               15
4. The method of reducing multiple reflections in seismic signals which
includes                  the steps of                       (a) generating
in signal channels a plurality of signals representative of seismic
waves generated at shot paints and detected after travel to and from the
same subsur-          20  face reflecting point over a like plurality of
paths all of different lengths and in which  20                  multiple
reflections have an apparent velocity which differs from the apparent
velocity                  of primary reflections in dependence upon the
geometries of and velocity profiles along  said paths, and applying normal
moveout corrections to align the primary reflections in
each of the said plurality of signals,          25           (b) modifying
the time distribution of the multiple reflections in each signal rela-  25
tive to the primary reflections therein by filtering in accordance with the
filter operator                   Y[err](f) given by the relationship
where:                               [err] 



[err]                       matrix  elements  S[err]*(f)  and  N[err]*(f)
are  the  complex  conjugates  of                   S[err](f) and N[err](f)
which are the cross spectral densities between signal channels [err] and
[err]                   for signal and noise respectively; and          35
elements S[err]*(f) are the complex conjugates of S[err](f) which are the
cross spectral  35                   densities between the desired output
signal and the signal in signal channels i= 1, 2,...n
respectively; and                       (c) combining the aligned and
modified signals to produce a composite signal in                   which
said primary reflections are enhanced relative to said multiple
reflections.          40           5. The method as defined in claim 4,
wherein the step of generating a plurality   40                   of
signals includes the successive generation of seismic waves at each of a
plurality of                   laterally spaced near-surface shot points
located at different distances from a reference                   point and
where said combined and modified signal is recorded as a time function.
6. The method as defined in claim 4, which includes the steps of:
45           (a) storing the functions to be performed by the filters in
reproducible form, the  45                   filter functions being
dependent upon the velocity profiles and the geometries of seismic
wave paths to and from a given subsurface reflecting point for a plurality
of different                   shot point-detector distances,
(b) convolving the stored filter functions for each seismic wave path with
the signal          50      from the corresponding detector corrected for
normal moveout, and                         50                       (c)
combining the resultant functions.                       7. Apparatus for
carrying out the method of claim 3, including means operable   to generate
the said seismic waves at the said shot points, seismic wave detector means
operable to generate seismic signals representative of the said seismic
waves, means          55      for applying the said normal moveout
corrections to align the primary reflections in   55                   each
of the said plurality of signals, for each seismic signal thus generated,
an indivi-                   dual filter having a time-response
characteristic dependent upon the seismic wave path                   from
the respective shot point via the common subsurface reflection point to the
re-                   spective detector and the velocity profile along the
said seismic wave path, the filter          60      being operable to
modify the time distribution of the multiple reflections relative to the
60                   primary reflections in the seismic signal, and signal
combining means interconnecting                   the outputs of the
filters, the combining means being operable to produce a composite   



10                                       1,099,483          signal in which
primary reflections are enhanced relative to the multiple reflections.
8. Apparatus as defined in claim 7, wherein the filter for each signal has
a charac-         teristic Y[err](f) dependent upon the said seismic wave
paths (channels) from the shot points         to the detectors and the
velocity profiles along the seismic wave paths, defined by the 5
expression:-               [err]               where:              [err] =
1, 2, 3,...n;              [err] =1, 2, 3,...n;  10           matrix
elements S[err](f) and N[err](f) are the cross spectral densities between
channels i  10         and [err] for signal and noise respectively; and
elements S[err](f) are the cross spectral densities between the desired
output signal and         signal in channels i= 1,2,...n respectively.
9. The method for attenuation of multiple reflections in seismic signals
according 15      to claim 1, substantially as described herein with
reference to the accompanying draw-   15         ings.
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