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ABSTRACT 

The basic purpose of the present work is to understand th e seismic ftltering 

procedure with the special emphasis on the Butterworth (band pass) ftl tering. 

T he basic approach o f in terpretation is practical. l ntuitive (and 

theore tically sound) arguments arc used to explain the theory with extensive 

examples . 

.Implementation of Butterworth fIltering was carried out both in the tirne 

domain and frequency domain. 

The amplitude response Improves as the order of Butterworth Etlter 

increases. Higher Butterworth order means higher slopes and ideal filte ring can 

be achieved. 
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INTRODUCTION 
1.1 INTRODUCTION 

Implementation of filtering was caIDed out ttl th e program named SAP 2d. 

The SA P program is designed fo r training purposes. T his program has some 

limitations bstcel below. 

TRACE LENGTH: It 15 advisable to use data llpto 2048 samples. 

NUMBER of TRACES: T here is no limit all number of traces. 

PROCESSING: The plan is to have only those processes that can be applied after 

s tack. 

w8S-S.sgy is the given seismic line. T he seismic data in this line is filtered usi1lg 

Bandpass ftltering, trnpezoidal filtering and Butterworth filtering. 

In the most general sense, a " filter" is a device or a sys tem that alters in a 

prcscl;bed way the input hat passes through it. In essence, a ftl ter converts inputs into 

Otltpu[s in slich a fa shio n that certain des irable features o f the inputs are retained in 

the o utputs while undesirabl e features are suppressed. 

The topic of my disserta tion is Butterworth Bandpass ftltering . Tn the 

dIssertatio n Butterworth filler's responses are studied With the help of extensive 

e..'{amplcs. J\tagnitude fUJIction of Butterwo rth filters, Passband ·a ttenuation, Stopband 

attenuation , Phase characteristics of Butterwo rth filters, Passband amplitude respo nse 

of different orders , Stopband amplitude respon se o f different orders, Impulse 

responses, Step responses of different order butterworth filter are mentioned in 

figures to explain the Butterworth responses precisely. 

Fi.nall y in th e inteqJreta tl0n the input data convolved with a zero phase 

Butterwo rth filter, the resu lr came in the fashion that overall amplitude decreases. In 

the SA P lei m.LllUnUm Buttcrworth order (n= ·I) produces side lobs. As the 

Butterwo rth order increases, side lobs are reduced and thc wavelet IS morc 

compressed in time. 



Butterworth Bandpass Filter has the following options 

['iller "omers 

Four corncr frcclucncies spccified in T Iz 

I./ammillg Operalor 

Hamming operator check box when check will apply the smoothing function. 

Operator Length 

Operator length in illS can be set as desired. 

Orde," 

O rder o f the fi lter is set to > 0 and < 10. H igher order produces a sharper 

signal in time domain 
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SEISMIC DATA PROCESSING 

2.1 SEISMIC DATA PROCESSING 

Seismic data p rocessing is the approach by which row data recorded in the 

field is enhanced to the extent that it can be used for geological in terpretation. 

T his approach involves the sequence of operations for improving signal to noise 

ratio. D obrin and Savil(1988), Yilmaz(1978), Keary and Brooks(1991), Sadi 

(1980), Sheri ff(1989), Robinson and Coruh (1988) and OGll ManualCJ989) 

have discu:,sed in detail the different sc<[ucnccs of data processing. The 

following is the processing sequences. 

2.2 DEMULTIPLEXING 

Data recorded on digital magnetic tape is not suitable for analysis 

therefore it is assembled from the digital tape by a sorting process. Thus "the 

process of sorting data from the magnetic tape into individual chrulllel 

sequence is called demulriplexing." 

2.3 VIBROSEIS CORRELATION 

The signal gcncl":lted by :l vibroseis is no t :l sho rt pulse but rather a 

sweep lasting seven to tell seconds. The sweep is transmi tted through earth 

and is reflected from interfaces. Each reflection i~ a near duplicate of a sweep 

itself. so the reflections in vibroseis record overlap and are indistinguishable. 

To make it useable reflections are compressed into wavelets through cross­

correlation o f data with the original input sweep. After correlation each 

refl ection on record looks similnr tn an impulsive source data. (Rehman, 

1989). 

2.4 EDITING 

Ed.iting mainly involves the remnval o f any obviously unusable data , for 

example, a record or part of it tllat may have come out too weak for one o r 

.odler reaSOIl . T he traces or the relevant pa.rts of tlle traces arc eliminated by 

se tting all amplitudes to zero . (parasnis, 1977) 
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2.5 AMPLITUDE ADJUST MENT 

In a seismic section the variations til the amplinldes of refl ections afC 

important facto r in the interpreta tion. In some cases, the amplitude variations 

are so great that low level events become di fficult to fo llow or evell invisible. 

In o rder to raise the level o f these weak events rdative to the strong ones, so 

that geologic structure can be made visible, til(' analyst can apply a digital 

" Balance" or "AGe" (Automatic G ain Control). (l{ehman , 1989) 

2.6 DECONVOLUTION 

\Vhell a dynamite is blasted , spike is produced that travels through earth , 

its amplitllde decreases, higher frequencies are absorbed and it becomes a 

wavefo rm of lower frequency and greater wavelength. This behavior of earth 

·is termed as hi-cut filter. Deconvolution is a reverse process by which those 

los t higher frecltlencies are reproduced. "D econvolution actually improves the 

temporal resolution of seismic data with compress ion of reflecting pulses. and 

suppresses the effect of multip les". 

2.7 STATIC CORRECTION 

\Veathering layer and topographic effect influence the reflection times. 

which are indep endent o f subsurface structure .The sta tic correction which 

comprises weathering and elevation corrections, is applied to each trace for 

the removal o f the effects of low velocity layer and ~ urface undulations above 

the chosen datum plane. 

·2.8 NMO CORRECTION 

D ynamic time correction or N MO correction converts the times o f 

reflections in to coincidence with those that would have been recorded at zero 

o ffset. It is a function of o ffset, velocity and reJ]ecto r depth , and is derived 

from the velocity- time functioll . NMO correc tion is applied to each trace in 

each CDP ga ther to reduce the refl ec tion tim es to two-way vertical time. 
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2.9 VELOCITY ANALYSIS 

Velocity in seismic process ing is an importn.l1t parameter, which controls 

tbe stacking qu:thty. Thus the proper velocity value gives the optimum 

dynamic correction w hich leads to efficient stacking process. T he seismic 

trnces o f a cotnmon-depth-point-gather are basis for velocity analysis. Before 

.velocity analysis sui tab le static corccction and d:lt:t enhancement procedures 

are applied to the data. 

A series of normal moveout corrections, each based on arbitrary constant 

velocity are thcn applied to eacb trace of data set. T hen N MO corrected traces 

are stacked to produce a single output trace. Thi~: calculation is rcpeated with 

incremented constant velocity, the range ex tends Erom minimum to maximum 

velocities to be encowltered in the area. The velocity incremcn ts may not be 

uni form but may be rather small fo r application of slower velocities. A plo t of 

velocities against recorded time for each analysis location represents the 

velocity function for that location. 

·2.10 STACKING 

stacking is t.he reduction o f data volume to a plane o f mid po int time at zero 

o ffsets by summing them along the o ffset axis. rt enhances the reflections 

from tme re fl ectors and attenuates unwanted in terference or no ise (Yilmaz. 

1987; Badly, 1985) 

2.11 MIGRATION 

Migration is usuall y the last step applied to the processed setsmlc data for 

repositioning rcflected energy from its common mid point position to its tme 

map retli picture of th e subsurface struchlre. 

5 
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FILTERING 

3.1 PRINCIPLES OF DIGITAL FILERING 

3.1.1 DIGITAL FILTER 

The purpose of djgital filter is to ex tract certain desired frequency components 

from a trace and attenuate all others. A filter can be designed and applied either in the 

time domain or in the frequency domain. The resuJcs are the same. 

To extract signal from a trace in the time domain we convolve the trace with a 

cosine wave having the desired frequency. This cosine wave is the filter operator. T he 

output of th is filtering process wilJ be a single frc(!uency, (Fig.3.1). The amplitude and 

phase of the output are equal to that of the same frequency component in tbe original 

trace (Fig. 3.2) shows the same operation performed in the frequency domain. T he 

amplitude spectrum of the operator is very simple; a spike at the desired frequency. 

T he phase spectrum is simpler yet; zero at all frequencies. This is a «zero phase" 

filter. To filter the data in the time domain we convolve the trace with the filter 

operator. To perf 0 011 dIe same operation in the frequ ency domain we multiply the 

amplitude spectra, frequency for frequency and add the phase spectra. In the output 

trace spectra we see that the amplitude spectnllll comain s only the frequency we 

selected and the p hase spectnltu is unchanged. (Onlr the phase of the selected 

frequency (0 is significant since the amplitudes of all other ftc(luencies are zero). If 

we now convert the Olltput trace spectra back to the rime domain we will get a trace 

that is identical to the output trace ill Fig. 3. 1. In the following examples we will 

tgnore the phase spectra since with zero phase filtering the phase is unchanged. 

(OGTI Manual, 1989) 

3.2 TIME FILTERS 

T he standard practice in seismic data acquisition for exploration geophys ics is 

to detect the signal by mean s of geophones Olydtophones) placed in the earth (water) 

and to digitize the analog signal output by the phone after passing it through certain 

elcctroilic devices. T he analog signal, which is digt.tized. will have importan t 

G 
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limitations on its frequency spec trum, which is dClcnnined by the electronics as well 

as by the response function of the phonc. Generally, the high frequencies are 

removed from the analog signal electronically til order to preven t aliasing upon 

digitizatio l1, while the vcry low frequencies which might bc prcsent in the original 

seismic signal are no t recorded due to the insensitivity of the geophollc ~lydrophone) 

at low frequencies. 

a) AUAS F1LTER 

When we discuss the procedure of sampling a continuous wave form at 

di screte intervals, we learned that frequencies above (he Nyquist frequency (fN = 

liz dT where dT = sample rate) cannot be measured. I f there are sucb frequencies 

present in the data, t.hey will be recorded as if they h:ld a. lower frequency; we say 

the higher frequencies appear wased in the digital signal. In o rder [0 prevent this 

effect from seismic data, the high frequen cies are electronicall y removed from the 

sigt'lal before it is digitized. Suppose sampling interval in digitization is selected 4 

milli seconds. EN theu would be 125 H z, OIle must be sure to cut out in the field 

all frequencies above 125 H z. 

b) LOW-CUT FrLTERS 

In addition to high-cut filters used to prevent aliasing. low-cut fil ters are 

p laced on the analog signals for specific reasnns. Ln general the geophones and 

hydrophones approximate a flat frecluency response curve for frequencies above a 

certain lower limit which varies with the instruments. 

c) NOTCH F1LT ER 

Another fll ter is ordinarily appljcd to the analog signal b efore it is digi tized 

if the recording area is in the vicinity of any power lines. T hese lines Illay 

in troduce large quanti ties of 60 Hz noise, and thus this frequen cy is removed by a 

fllrcr whose frequency spectnlln has a very narrow notch at 60 H z. 

3.3 SPATIAL FILTER-ARRAYS 

T he effective spatial filtering which take place when lI Sl11g an array of 

geophones ~l ydrophones) whose responses are sumllled to produce a seismic 
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trace. It will give that the geometry o f the array determines the response of the 

system to different wavelengths o f th e seismic wa\,-es. H ence if the signal and 

noise have different wavelength spectra, by prnper array design one may be ab le 

to enha_llce the signal relative to noise. 

Before examining the response characteristics of vartous geophone 

arrays, it is llecessalY to make clear some important te11ninology. Arra}ls should 

laid out in one plaue (i. e. in the surface). Consider (he propagation of a surface 

wave along the ground Fig 3.3-a. by measuring the ~patial separation of adjacent 

peaks at a given time, one can determine the apparen t wavelength (La) of this 

disturbance. In this case, this apparent wavelength is in fact equal to th e acumJ 

wavelength (L) of the wave. O n the other hand, suppose the wave is a reflection 

whose plane wave fl'Onr strikes the earth 's surface with an angle e (Fig 3.3-b). 

T hen, a measurement of the separation o f two adjacent peaks at a given tim e will 

yield an apparent wavelength, which is greater then L \ (for 8 <90). By inspection 

of the Fig 3.3-b 

LFL/sin8 

.As 8--+90, La--+L as it should. Since this case corresponds to the sur fa ce 

wave example disscussed above 

As 8---tO, La-+co, i.e. the refl ection energy is traveling nearly verticall y. This means 

that the apparent wavelengths of vertically traveling events should be very large. 

It is convenient in connection with these figures to also defm e the apparent 

velocity of the seismic wave. This (Va) is defmed to be the velocity with which the 

disturbance propagates along the earth's surface. Va 1S in general no t equal to the 

tme seismic near-surface veloci ty V, but is larger than V. If we call the period o f 

one seismic wave T , since a velocity is related to Land T by: 

V=L/T th en Va=La/T 

So the true and apparent velocities arc related by: 

Va=V/ sin8 

As 9= 90, Va = V i.c. tbe waves arc travcling ho rizon tally 

8 
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As 8--+0, Va ---taJ., a relatioll we can inrerprci by obsen ting that 

vertically traveling energy will hit all the po ints o n the surface simultaneously so that 

its apparcnt(horizonraJ) velocity will be infmirely large. 

Spatial filter respo nse i:- shown in Fig 3A.\Vhcn an array of geophones arc used 

to record seismic data, we arc in effect sampling the signal spatially. The geometry o f 

the array will determine the (apparent) wavelength response of the sys tem. An 

example o f this is shown in Fig 3.5-a. here a linear <l tTIl ) of 4 geophones are used to 

reco rd 

a) A wave wi th sho rt appa.rent wavelength 

b) Qne with large L1. 

The spacing o f geophones are approximately half the shorter wavelength. One sees 

fro m the figure that this tends to reduce the amplitude o f the rccordt.-d signal fo r the 

shorter wavelength, due to the canceUation between peaks and tTOughs. On the o ther 

haud, the lo ng wavelength signal reaches all the geophones with the same phase and 

hence it will be recorded with substantial amplitlJdc. 

From r.his simple example. o ne can see that if lhe apparent wavelength spectrum 

of lhe seismic reflection differs fro m tha t of no ise, o ne may be able to devise an 

appropriate array whidl wiU significantly enhance the :;ignal at rhe expense o f dIe 

no ise. In fa ct. this is a regular field procedure, which has led to sOldy o f a large 

number of arrays having vario us sizes, shapes and geometries. (OGTI Mallual , "(989) 

3.4 CONVOLUTION AND FILTERING 

If a filtcr is lill t'ar :wd time invariant. its o utput can be computed by convolving 

the input signal with the ruter's impulse respo nse. 

111 the analog casco the procedure is described by: 

h (t) = f (t) * g(t) = I f(s) g(t-s) ds ....................... . ......•.. . ........ Eq-1 

\Vhcre h (t) is the output 

f(t) is the input 

get) is t.he filter's impulse respo nse 

* is the symbol for convolutio n 

9 
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is integral symbol 

In the digital case, the opera tion is: 

ht = f t * g t = sum f ' .g '-' 

3.4.1 Z-TRANSFORM 

A discrete time array can be transformed into the Z-domain where it becomes a 

power series. Convolution in the time domain is equivalenr to multipljcation ill the Z­

domain. This equivalency is showll symbolically in Eq-3 

f' ,... F(Z) ; g' '''' G(Z) 

h , = f' * g ' ,... H (Z) = F(Z) . G (Z) . ....... .. .. . .. . ...... .. ..... ... E'I-3 

T he similarity between the Z-domain and the fre(luency domain becomes 

apparen t if we define the arbitrary variable Z as a complex exponential (E'I-4) 

where 1= (_1)"/2 

3.4.2 UNDESIRABLE NATURAL FILTERS 

Some filtering occurs naturally and causes a loss in re~;olving power. The earth ) for 

example) is a low-pass ftlter (Fig 3.6) , which converts dynamite shot's impulsive signal 

into a wavelet, WWdl may be 100 ± milliseconds long This wavelet is the earth 's 

impulse response its length l1l:lkes it difficult to resolve closely spaced reflections. 

Another example o f unwelcome natural fi lter is the water layer in which 

marine seismic data are recorded. The water layer may be an effective echo chamber 

and cause signals both down going and up coming to reverberate strongly Fig 3.7. 

(OGTI lvhnual 1989) 
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Fig 3.6 Earth's Impulse Response 
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Impulse Response of the water layer filter 

Fig (3 .7) 

3.5 INVERSE FILTERING 

Reverberations 

If the effec t of a previous filter is to be undone, ,1 new fil ter is to be designed 

such that, if the p revious filter's impulse response is input, the new filter's output will be a 

unit impulse (Fig 3.8). 

111e process of apply ing an inverse fil ter to cancd the effect o f a previous filte r 

is called deconvolution. Deconvolution is usually done by convolution in the time domain. A 

convenient way of designing an inverse filte r is to use Z-tT2Jlsfonn. if the previous filter's 

impulse response is g (t ) hen: 

ge t) 0 .... G (Z) .. .. ............ . ...... E'j-3 .1 

We now wish to design a new filter, h t, which will reconvert g ( t )to the impulse d( t ) 

as shown in Eq-3.2 

g ( t )' h( t) = d t ... . ......... .. ....................... Eq-3.2 

the process in the Z-domam is : 

G(Z).H(Z) = l ............. ........... Eq-3.3 

and so, 

H (Z) = 1 / G (Z).................... . Eq-3.4 

The Z-!r,l1lsform of the inverse filter's impulse response Cil l1 thus be computed by a 

polynomial divisiol1. 
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Fig 3.8 

3.6 FREQUENCY FILTERING 

\ 

Inverse 
Filter 

Impulse 

Frequency filters discriminate against selecrcd frccluenc)' components of an input wave 

fo rm and may be 

• Low-pass (LP) 

• High-pass (HP) 

• ,Band-reject (BR) 

• Band-pass (BP) 

in terms of there frequency response. 

3.6.1 LOW-PASS FILTER RESPONSE 

The pass band of the basic low-pass filter is defined to be 0 Hz (de) up to the critical 

(cutoff) frc(luency, fe • at which the output voltage is 70.7%of the pass-bimd voltage, as 

indicated in Fig 3. 1. The ideal pass-band, shown by the sh:lded region within the dashed 

lines, has an instant,lIlcoliS roll - off ,I t t~. The b,\Ild width of Ihis filter is equal to fc 
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Vout(noll11alized to I) B W = f, 

, 

0.707- -

nw 

o fc 

Fig 3.9 

The magnitude response of practical lowpass fi lter showll in Figs.3."lO and 3.11 

- - - - - - _C": _ _ "'---? 

, 
------- ------------ ----~------ - ------------_. 

o 00, 

~(,. """--- Pass band ----';>:~~ transition1'E-- stop band---7 
1 Band : 

Fig 3. 1 O.Magnitude response of a pmcticil low P,lSS filter witll ripp les in pass band. 

f 
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· The pass band ex tcnds from direct currcnt up to rhc cut-off frequcncy co .. 
. The transition band from co .. up to the beginning of the $top band at 001 and stop 

band extends from COl to infinity. 

Tr,1I\sitic n band 

--------------------~------ ----~-

P 1ISS Innd __ -:>>11 1<1<;----- stop band > 
Fig 3. 11.M'lgn ittJde res ponse of a practieallow pass fil ter with ,-ipples in the stop band. 

3.6.2 HIGH-PASS FILTER RESPONSE 

A high-pass filter re!'lponse is one that signi ficantly attenuates all frequencies below 

f c and passes all frccluencies above fe . "nl C eritic:l1 frequency is the frequency :It 

which output voltage is 70.7% of the pass-hand voltage as shown in Fig 3. 12.The 

ide1l1 response, shown by the sh'lded reglon with in the dashed lines, has 1111 

instan tm eous drop ;It f e, which is not achievable. 

14 



1 

0.7 

V (M.,.(normalizeu to 1) 

• 

o 

Fig 3.12 

3.6.3 BAND-STOP FILTER RESPONSE 

f 

I t is also known as flo/ch, /JtJlld'''eject or haml·elillJillatioN. I t's operation is opposite to that 

o f the band pass fi lter because frequencies within a certain bandwidth arc rejected. 

,md frequencies ou tside the b,mclwidth are passed. A general response curve fo r a 

band-stop filter is shown in Fig 3.\ 3. 
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3.6.4 BAND-PASS FILTER RESPONSE 

A band-pass filter p,lsses all signals lying within a b,md between a lower-frequency 

.and an upper-frccJuency limit and rejects all other frequencies that are outside this 

specified band. A generalized b,md-pass response cun'c is shown in Fig 3.'14. 

V",,(norma li zed to 1) 

I 

0.707 ----------------

, , , , , , , , , , , , , , , , , 

, , , , , , , , , 

L ______ _ 

1.. ----------

,.. -------------

BW = l 

BW =2 

f ..,2 
, , , , , , , , , _________ .J 

BW =3 ___________ ___ , 

Fig 3.14 

The b<1 lldwidth(B\'\0 is defmed as the difference between the up per critical frequency 

(jd and th e lower critiC<11 frequency (fcJ. 

llW = J " .J .. 
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The critic~11 frequ enc ies are, of course, the points a t which the res po nse curve is 

70.7% of its ma.ximum. 111ese critica l frequcncics <Ire a lso called 3 dB frequencies . 

The frecluency ,lbout which the pass hand is centered is call ed the centrnl frequency, 

10 and is a geo metri c mean u f the criric,ll freclucncies. 

T he qualit), fac tor (Q) o f band-pass filter is the ratio o f the cen ter frequency to the 

bandwidth i.e. 

Q = l . t H IV 

The val ue o f Q is an indication o f the selectivity o f a band-pass filter. The higher the 

value o f Q, the narrower the bandwidth and the bf-tter the selectjvity for a given 

val ue 10. Band-pass filters ;lfe some ti mes class ified as narrow-band (Q> l O) or wide­

b"nd (Q< IO). 

An example of b<lnd-limited signal is in vib roseis (hlt~1 fo r which the frequency range 

o f the input energy is known to lie fo r all pr;lCtical p urpost!, w ith in a certain band 

(e.g. 10-401-12) 
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BUTTERWORTH FILTERS 

T he Butterworth characteristic provides a very flat amplitude response in the 

pass band and a roil-o ff ratc o f 20 dB/ decade/pole. Butterworth filters are smooth 

fiJ ters .~nlere is no ripple in the response in either the passband or the stopband and 

UI C transition becween bands is monotonic. Filters <with Butterworth response are 

nonnaUy use when all frc(luencies in the pass band must have dIe same gain. TIle 

Butterworth response is often referred to as a maximally flat response. (FLOYD, 

1996) 

Buttcrworh low pass filters (LPF) are designed to have an amplitude response 

characteristics that is as flat as possible at low frc(lucncies and that is monotonically 

decreasing with increasing frequency. (Britton, 1993) 

4.1 THE BUTTERWORTH APPROXIMATION 

The nth-order Butterworth function is given by 

B" (00) = 1/(1+00' '') n = 1,2,3 ... , ... " .. Eq 4.1 

For each value o f n, the Butterworth function Btl (00) has a squ-ared magnitude 

function, 

An nth-order nonnalized low-pass Butterworth filter has a magnitude function given 

by 

I T Goo)!, = B" (00) = 1/(1+00''') Eq 4.2 

A Graphical illustratio n of equation (4.2) is shown in fig 4.1. As 11-+ 00, the 

Butterworth magnitude approaches the ideal magnitude response. As the order t1 o f 

the Butterworth filter increases, the magnitude function is closer [Q unity in the 

passband, the transition band is narrow, and the magnitude fun ction is closer to zero 

in the stop band. H ence, 1/ is [he parameter chosen to satisfy a set o f prescribed pass 

band aild stop band sp ecifications. Fig 4.2 is another plo t of equation (4.2) with the 

vertical scale given in dB 
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where the magnitude of transmitio n is expressed in desibels ltl terms o f the 

attenuatiOll fUllction . 

The phase characteri stics 

<!J (w) = - T Gw) Eq4.4 

of an nth-order normalize low-pass Butterworth filter are showu in fig 4.3 .. For 00 

very small , the phase function behaves almost linearly, especially for low values o f n. 

T he pass-band magnitude response, the stop-band magnitude response, and the 

phase response of Butterworth ftlters of various orders ;lre showu in fig 4.4, 4. 5 and 

4.6 respectively. These plo ts are no rmalized for a cut-off frequency of 1 H z. To 

denormalize them, simply multiply the frequency <1_'<i5 by the desired cut-off 

frequency f e. 

4.2 BASIC PROPERTIES 

,Based on Eq (4.2) and fig 4.1, the normalized low-pass Butterworth futer has 

the foUowing basic properties. O-Iarry, 1979) 

BUTTERWORTH PROPERTY 1 

For each 11 , we have 

I T(;O) I' ~ I , 11'(;1) I' = 0.5 and I 1'(;00) I' = 0 Eq 4.5 

this implies that the de gain (the magnitude value at 00 =:0 ) is 1 and the 3 dB cutoff 

frequency is at 1 r:l.d. /sec. 

BU1TERWORTH PROPERTY 2 

The magnihlde fUllction of butterworth filters are monotonically decreasi.ng for 

(l) ~O. Hence I T(.A:o) I has it' s maximulll value at 00 =0 

BUTTERWORTH PROPERTY 3 

The first (211-1) derivatives of nth-order Low-Pass Butterworth filter are zero at 0)=0. 

For this reason Butterworth filters are also called maximally flat magtlitude filters. 

BUTTERWORTH PROPERTY 4 

T he h.igh frequency roU-off an nth-order butterworth filter is 20n dB / D ecade. 
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4.3 IMPUL SE RESPONSE OF BUTTERWORTH FILTERS 

T he impulse response fo r the Low-Pass Butterworth filters shown in Figs. 4.7 

and 4.8. -Il, esc responses arc normalized for Low-Pass fi lters having a cut-off 

frequency C(luaJ to I md/s. To denormalize the response, divide the lime a:tis by dlC 

des ired cut-off frcllucncy roc = 2rr./ c and multiply the ttmt' a..~is by the same factor. 

4.4 STEP RESPONSE of BUTTERWORTH FILTERS 

The step response can be obtained by integrating the impulse response. Step 

respo llses for Low-Pass Butterworth filters are shown ill rigs 4.9 and 4.10. T hese 

responses are normalized for Low-Pass fil ters h;lVing a cut-off frequency equal to 'I 

fad /sec. To denonna.lizc the response, devide lhe time axis by the desired cut-off 

frequency 0), =2,,/ ,. (Bratton, 1993) 

• 
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CONCLUSION#l 

The original seismic section ofw85-8.sgy is shown in fig. 5.1. Tbe 

amplitude spectmm of thi s seismjc section is demonstrated in fig. 5.1(n) which 

shows that the most of energy is concentrated within the frequency range 

II-70Hz. 

To observe the effectiveness of Butler worth filtering the original data 

convolved with Butterworth filter with frequencies 15-25-45-55Hz and having 

order n=8 is shown in fig. 5.2, where I S-55Hz is the Bandpass filter with 

25dB/octave low roll-off and 45dB/octave high roll -off. IS-55Hz value 

corresponds to the 3dB point of the filter. 

In the upper part afthe ButterwOlth filtered seismic section some shallow 

reflectors of higher frequencies became visible, the frequencies are reduced from 

950- 1 lOOms and in the lower part of the section i.e. bellow 1250ms major 

frequencies have been reduced. 

The amplitude spectnlln Oft11C But1en'Yortl1 fillered section is shown in fi g. 

5.2(a). 
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CONCLUSION # 2 

The original seismic section shown in fig 5.3 convolved with 

Butterworth filter with frequencies 5-15-65-&0 Hz. Shown in fig 5.4, where 

5-80Hz is tbe Bandpass filter with 15db/octave is low roll-off and 

65db/octave is hi gh roll-off. Higher frequency bearing reflection amplitudes 

in the upper part (200-1100 m sec) are going to decrease and below (1250-

1700 m sec) reflection amplitude almost decreased. And the main reflectors 

from 11 00-1250 m sec are same. Overall tlle sbape distortion of reflection 

amplitudes results in the decrease of temporal resolution. The amplitude 

spectrum of the Butterworth fi ltered section shown in fig 5.4 (a), which gives 

no desirable e(fecl in comparison with the amplitude spectrum ofihe original 

seismic section fig. 5.3 (a). 
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CONCLUSION#3 

~nle amplitude response, the phase response and the time series of 

Butterworth filter of order n~ 1,2,3,4,6&10 are shown in fig. 5.5,5 .6,5.7,5.8, 

5.9& 5. \0 respectively. In all these diagrams Fl ~ 1O, F2~20, F3 ~30, F4=40 & 

operator length of 500 msec was appli ed. 

The amplitude response of Butterworth filter increases towards higher 

frequencies, as Buttterworth order n increases. 

MinimuOl Butterworth order (11 = 1) produces more side lobs, as the o rdcr of 

Butterworth ftlter increases, the side lobs arc going to reduce. "111C ma..ximum 

Butterworth order (n= "10) compressed the wavelet in time 
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